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Foreword 

This Technical Specification (TS) has been produced by ETSI Technical Committee Telecommunications and Internet 
converged Services and Protocols for Advanced Networking (TISPAN). 

The present document is part 2 of a multi-part deliverable covering the Telecommunications and Internet converged 
Services and Protocols for Advanced Networking (TISPAN); SIP-ISUP Interworking between the IP Multimedia (IM) 
Core Network (CN) subsystem and Circuit Switched (CS) networks; 

Part 1: "Protocol Implementation Conformance Statement (PICS)"; 

Part 2: "Test Suite Structure and Test Purposes (TSS&TP)"; 

Part 3: "Abstract Test Suite (ATS) and partial Protocol Implementation eXtra Information for Testing (PIXIT) 
proforma specification". 
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1 Scope 

The present document specifies the Test Suite Structure and Test Purposes (TSS&TP) for SIP-ISUP Interworking 
between the IP Multimedia (IM) Core Network (CN)subsystem and Circuit Switched (CS) networks ES 283 027 [1]. 
The references [1] and [16] are indentical. 

A further part of the present document specifies the Abstract Test Suite (ATS) and partial Protocol Implementation 
eXtra Information for Testing (PIXIT) proforma based on the present document. 



2 References 

The following documents contain provisions which, through reference in this text, constitute provisions of the present 
document. 

• References are either specific (identified by date of publication and/or edition number or version number) or 
non-specific. 

• For a specific reference, subsequent revisions do not apply. 

• For a non-specific reference, the latest version applies. 

Referenced documents which are not found to be publicly available in the expected location might be found at 
http://docbox.etsi.org/Reference . 

NOTE: While any hyperlinks included in this clause were valid at the time of publication ETSI cannot guarantee 
their long term validity. 

2.1 Normative references 

The following referenced documents are indispensable for the application of the present document. For dated 
references, only the edition cited applies. For non-specific references, the latest edition of the referenced document 
(including any amendments) applies. 

[1] ETSI ES 283 027 (V2.5.1): "Telecommunications and Internet converged Services and Protocols 

for Advanced Networking (TISPAN) Endorsement of the SIP-ISUP Interworking between the IP 
Multimedia (IM) Core Network (CN) subsystem and Circuit Switched (CS) networks 
[3GPP TS 29.163 (Release 7), modified]". 

[2] ETSI TS 129 163: "Digital cellular telecommunications system (Phase 2+) Universal Mobile 

Telecommunications System (UMTS) Interworking between the IP Multimedia (IM) Core 
Network (CN) subsystem and Circuit Switched (CS) networks (3GPP TS 29.163 version 7.9.0 
Release 7)". 

[3] ITU-T Recommendations Q.761 to Q.764 (2000): "Signalling System No.7 ISDN 

User Part (ISUP)". 

[4] Void. 

[5] ITU-T Recommendation Q.850 (1998): "Usage of cause and location in the Digital Subscriber 

Signalhng System No. 1 and the Signalhng System No. 7 ISDN User Part". 

[6] IETF RFC 3261 (2002): "SIP: Session Initiation Protocol". 

[7] IETF RFC 3312 (2002): "Integration of Resource Management and Session Initiation Protocol 

(SIP)". 

[8] ISO/lEC 9646-1 (1994): "Conformance testing methodology and framework - Part 1: General 

Concepts". 
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[9] ISO/IEC 9646-3 (1992): "Conformance testing methodology and framework - Part 3: The Tree 

and Tabular Combined Notation". 

[10] ISO/IEC 9646-7 (1994): "Conformance testing methodology and framework - 

Part 7: Implementation Conformance Statement". 

[11] ITU-T Recommendation E. 164: "The international pubhc telecommunication numbering plan" . 

[12] Void. 

[13] ITU-T Reconomendation Q.939: "Typical DSS 1 service indicator codings for ISDN 

telecommunications services". 

[14] ETSI TS 183 008: "Telecommunications and Internet converged Services and Protocols for 

Advanced Networking (TISPAN); PSTN/ISDN simulation services Terminating Identification 
Presentation (TIP) and Terminating Identification Restriction (TIR); Protocol specification". 

[15] ETSI TS 129 163: "Digital cellular telecommunications system (Phase 2+); Universal Mobile 

Telecommunications System (UMTS); LTE; Interworking between the IP Multimedia (IM) Core 
Network (CN) subsystem and Circuit Switched (CS) networks (3GPP TS 29.163 version 8.5.0 
Release 8)". 

[16] ETSI TS 129 527 (V8.2.0): "Digital cellular telecommunications system (Phase 2+); Universal 

Mobile Telecommunications System (UMTS); TISPAN; Endorsement of the SIP-ISUP 
Interworking between the IP Multimedia (IM) Core Network (CN) subsystem and Circuit 
Switched (CS) networks [3GPP TS 29.163 (Release 7), modified] (3GPP TS 29.527 version 8.2.0 
Release 8)". 

[17] IETF RFC 3556: "Session Description Protocol (SDP) Bandwidth Modifiers for RTP Control 

Protocol (RTCP) Bandwidth". 

[18] IETF RFC 3264: "An Offer/ Answer Model with Session Description Protocol (SDP)". 

[19] IETF RFC 4040: "RTP Payload Format for a 64 kbit/s Transparent Call". 

[20] ITU-T Recommendation F.182: "Operational provisions for the international public facsimile 

service between subscribers with Group 3 facsimile terminals (Telefax 3)". 

[21] ITU-T Recommendation F.184: "Operational provisions for the international public facsimile 

service between subscriber stations with group 4 facsimile terminals (telefax 4)". 

[22] ITU-T Recommendation F.230: "Service requirements unique to the mixed mode (MM) used 

within the teletex service". 

[23] ITU-T Recommendation F.220: "Service requirements unique to the processable mode number 

eleven (PMl 1) used within the teletex service". 

[24] ITU-T Reconomendation F.200: "Teletex service" . 

[25] ITU-T Recommendation F.300: "Videotex service". 

[26] ITU-T Reconomendation F.60: "Operational provisions for the international telex service". 

[27] ITU-T Reconomendation F.72 1 : " Videotelephony teleservice for ISDN" . 

[28] ETSI ETS 300 356-1 : "Integrated Services Digital Network (ISDN); Signalling System No.7 

(SS7); ISDN User Part (ISUP) version 4 for the international interface; Part 1: Basic services 
[ITU-T Recommendations Q.761 to Q.764 (1999) modified]". 

[29] ITU-T Recommendation X.213: "Information technology - Open Systems Interconnection - 

Network service definition" . 

[30] ISO/IEC 8348: "Information technology - Open Systems Interconnection - Network service 

definition" . 
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[31] 



ITU-T Recommendation T.38: "Procedures for real-time Group 3 facsimile communication over 
IP networks". 



[32] 



ITU-T Recommendation Q. 19 12.5: "Interworking between Session Initiation Protocol (SIP) and 
Bearer Independent Call Control protocol or ISDN User Part". 



[33] 



ITU-T Reconunendation Q.737.1: "Stage 3 description for additional information transfer 
supplementary services using Signalling System No. 7 : User-to-user signalling (UUS)". 



[34] 



ITU-T Recommendation Q.734.1: "Stage 3 description for multiparty supplementary services 
using Signalling System No. 7: Conference calling". 



[35] 



ITU-T Recommendation Q.734.2: "Stage 3 description for multiparty supplementary services 
using Signalling System No. 7: Three-party service". 



2.2 



Informative references 



The following referenced documents are not essential to the use of the present document but they assist the user with 
regard to a particular subject area. For non-specific references, the latest version of the referenced document (including 
any amendments) applies. 

Not applicable. 



For the purposes of the present document, the terms and definitions given in SIP / ISUP interworking reference 
specification, in ISDN layer 3 reference specification, in ISO/lEC 9646-1 [8], in ISO/IEC 9646-3 [9], in 
ISO/IEC 9646-7 [10] and the following apply: 

Abstract Test Case (ATC): complete and independent specification of the actions required to achieve a specific test 
purpose, defined at the level of abstraction of a particular Abstract Test Method, starting in a stable testing state and 
ending in a stable testing state 

Abstract Test Method (ATM): description of how an SUT is to be tested, given at an appropriate level of abstraction 
to make the description independent of any particular realization of a Means of Testing, but with enough detail to 
enable abstract test cases to be specified for this method 

Abstract Test Suite (ATS): test suite composed of abstract test cases 

Implementation Under Test (lUT): implementation of one or more OSI protocols in an adjacent user/provider 
relationship, being part of a real open system which is to be studied by testing 

Means of Testing (MOT): combination of equipment and procedures that can perform the derivation, selection, 
parameterization and execution of test cases, in conformance with a reference standardized ATS, and can produce a 
conformance log 

PICS proforma: document, in the form of a questionnaire, which when completed for an implementation or system 
becomes the PICS 

PIXIT proforma: document, in the form of a questionnaire, which when completed for the SUT becomes the PIXIT 

Point of Control and Observation (PCO): point within a testing environment where the occurrence of test events is to 
be controlled and observed, as defined in an Abstract Test Method 

pre-test condition: setting or state in the SUT which cannot be achieved by providing stimulus from the test 
environment 

Protocol Implementation Conformance Statement (PICS): statement made by the supplier of a protocol claimed to 
conform to a given specification, stating which capabiUties have been implemented 



3 



Definitions and abbreviations 



3.1 



Definitions 
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Protocol Implementation eXtra Information for Testing (PIXIT): statement made by a supplier or implementor of 
an SUT (protocol) which contains or references all of the information related to the SUT and its testing environment, 
which will enable the test laboratory to run an appropriate test suite against the SUT 

SIP number: number conforming to the numbering and structure specified in ITU-T Recommendation E. 164 [11] 
System Under Test (SUT): real open system in which the SUT resides 

user: access protocol entity at the User side of the user-network interface where a T reference point or coincident S and 
T reference point appUes 

3.2 Abbreviations 



For the purposes of the present document, the following abbreviations apply: 



ATC 


Abstract Test Case 


ATM 




ATP 


Access Transport Parameter 


ATS 


Abstract Test Suite 


BCI 


Backward Call Indicators 


CPS 


Calling Party's Category 


DSSl 


Digital Subscriber System No. 1 


FCI 


Forward Call Indicators 


HLC 


High Layer Compatibihty 


ISDN 


Integrated Services Digital Network 


ISUP 


ISDN User Part 


lUT 


Implementation Under Test 


MOT 


Means Of Testing 


NCI 


Nature of Connection Indicators 


OBCI 


Optional Backward Call Indicators 


OFCI 


Optional Forward Call Indicator 


PICS 


Protocol Implementation Conformance Statement 


pixrr 


Protocol Implementation eXtra Information for Testing 


SUT 


System Under Test 


TMR 


Transmission Medium Requirement 


TP 


Test Purpose 


TSS 


Test Suite Structure 


TTCN 


Tree and Tabular Combined Notation 



NOTE: The ISUP message acronyms can be found in table 2/ ITU-T Recommendation Q.762 [3]. 



4 Implementation under test and test methods 

4.1 Identification of the system and implementation under test 

FFS 
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5 Test Suite Structure (TSS) 

The Test Suite Structure is in close alignment with ES 283 027 [1]. 



5.1 Interworking from SIP to ISUP (outgoing call) 



SIP -ISUP Basic call 








Sending of the Initial address message (lAIVI) 


101 XXX 


Sending of tlie Subsequent address message (SAM) 


102XXX 


Sending of COT 


1 03xxx 


Receipt of the Address complete message (ACM) 


1 04xxx 


Receipt of the Call progress message (CPG) 


1 05xxx 


Receipt of the answer message (ANM) 


1 06xxx 


Receipt of the Connect message (CON) 


1 07xxx 


Receipt of the Release message (REL) 


1 08xxx 


Autonomous release at l-MGCF 


1 09XXX 


Receipt of the BYE, CANCEL message / sending of a REL 
message 


IIOxxx 


Receipt of Reset circuit message (RSC), Circuit group reset 
message (GRS) or Circuit group blocking message (CGB) with 
the indication hardware failure oriented 


1 1 1 XXX 


Receipt of the SUSPEND Message (SUS) 


1 1 1 XXX 


Receipt of the RESUME Message (RES) 


112XXX 



Figure 1 : Basic call - 
Test suite structure for interworking between SIP to ISUP (outgoing call) 



5.2 Interworking from ISUP to SIP (incoming call) 



ISUP-SIP Basic call 








Sending of the INVITE message 


301 XXX 


Receipt of the Subsequent address message (SAM) 


302XXX 


Sending of the Address complete message (ACM) 


303XXX 


Sending of the Call progress message (CPG) 


304XXX 


Sending of the answer message (ANM) 


305XXX 


Sending of the Connect message (CON) 


306XXX 


Receipt of the Release message (REL) 


307XXX 


Sending of the Release Message (REL) 


308XXX 


Autonomous release 


309XXX 


Receipt of Reset circuit message (RSC) 


310XXX 


Receipt of Circuit group reset message (GRS) 


31 1 XXX 


Receipt of Circuit group blocking message (CGB) with the 
indication hardware failure oriented 


312XXX 



Figure 2: Basic call - 
Test suite structure for interworking between ISUP to SIP (incoming call) 
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5.3 Supplementary Services - Interworking from SIP to ISUP 
(outgoing call) 



SIP-ISUP Supplementary Services 






Calling Line Identification (CLI) 


OUT XXX 




L>ail nolo (MULL); 


OU^iXXX 




Terminal Portability (TP) 


OUoXXX 




Oonterence Oalling (L-UNr) 


504xxx 




1 nree-rariy (or i y ) 


OUDXXX 




Connected Line Identification (COL) 


506xxx 




Malicious call identification (MCID) 


507xxx 




Subaddressing (SUB) 


508XXX 




Call Diversion (CDIV) 


509XXX 




Call Waiting (CW) 


510XXX 




User to User Signalling (UUS) 


51 1 XXX 




Explicit Call transfer (ECT) 


51 2xxx 




Completion of Call to Busy Subscriber (CCBS) 


513XXX 




Completion of Calls on No reply (CCNR) 


514xxx 




Anonymous Call Rejection (ACR) 


51 Sxxx 




Closed user group (CUG) 


51 6xxx 



Figure 3: Supplementary Services - 
Test suite structure for interworking between SIP to ISUP (outgoing call) 



5.4 Supplementary Services - Interworking from ISUP to SIP 
(incoming call) 



ISUP-SIP 








Calling Line Identification (CLI) 


601 XXX 




Call Hold (HOLD) 


602XXX 




Terminal Portability (TP) 


603XXX 




Conference Calling (CONF) 


604XXX 




Three-Party (3PTY) 


605XXX 




Connected Line Identification (COL) 


606XXX 




Subaddressing (SUB) 


607XXX 




Closed User Group (CUG) 


608XXX 




Call Diversion (CDIV) 


609XXX 




User to User Signalling (UUS) 


610XXX 




Explicit Call transfer (ECT) 


61 1 XXX 




Anonymous Call Rejection (ACR) 


612XXX 




Call waiting (CW) 


61 Sxxx 




Malicious call identification (MCID) 


614XXX 



Figure 4: Supplementary Services - 
Test suite structure for interworking between ISUP to SIP (outgoing call) 



6 Test purposes (TP) 
6.1 Introduction 

For each test requirement a Test Purpose (TP) is defined. 

6.1 .1 Test purpose (TP) naming convention 

For each test requirement a Test Purpose (TP) is defined. 
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All test purposes belong to the main group ISUP_SIP_Interworking. Groups are organized according to the test suite 
structure (TSS). Each test purpose is presented in a separate table. The first row of the table contains the following 
items: 

TP Identifier of the test purpose; 

SIP reference the reference to the requirement in the DSSl layer 3 Recommendation, which led to the TP; 

ISUP reference the reference to the requirement in the interworking specification and the requirement in the 
SIP-UP Recommendation, which led to the TP. 

6.1 .2 Source of test purpose definition 

The test purposes have been developed based on ES 283 027 [1] as an endorsement of TS 129 163 [15]. 

6.1 .3 Test purpose structure 

The test purpose structure is according to the test suite structure (TSS). 

6.2 Test purposes for the basic call 

6.2.1 Interworking from SIP to ISUP (Outgoing Call) 



6.2.1 .1 Sending of the Initial Address Message (lAM) 



TP101001 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.1 


TSS reference: 


SIP-ISUP/Basic call/ Sending of the Initial Address message (lAIVI)/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


Normal call setup without precondition reequirement 






Ensure that if the SIP precondition extension is not included In the Supported or Require 
header, the l-MGCF shall send an lAM immediately after the reception of the INVITE, The 
l-MGCF shall set the continuity indicators to "Continuity check not required". 


SIP Parameter 
values: 




iSUP Parameter 
values: 




Comments: 


SIP 

INVITE 
180 Ringing 

200 OK INVITE 
ACK 

BYE 

200 OK BYE 


BUT 

«■ 

Ringing tone 

«■ 

Conversation 


ISUP 
^ lAM 
«■ ACM 

«■ ANM 

^ REL 
«■ RLC 
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TP101002 



SIP reference: RFC 3261 [6] 



ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.1 



TSS reference: 



SIP-ISUP/Basic call/ Sending of the Initial Address message (lAM)/ 



SIP selection 
criteria: 



PICS 4/4 AND PICS 4/5 



ISUP selection 
criteria: 



Test purpose: 



Call setup with precontion tag in the Supported header and preconditions are fullfield 
successful 

Ensure if a Continuity Check procedure is supported in the ISUP network and SIP 
precondition extension are included in the SIP Supported header and the preconditions are 

indicated as fullfield in the SDP, the l-MGCF shall send the lAM immediately after the 
reception of the INVITE. The preconditions met is sent in the 200 OK INVITE. 



SIP Parameter 
values: 



INVITE: Supported: lOOrel, precondition 
SDP a=curr:qos local sendrecv 
a=curr:qos remote none 
a=des:qos mandatory local sendrecv 
a=des:qos none remote sendrecv 

200 OK INVITE 

SDP a=curr:qos local sendrecv 
a=curr:qos remote sendrecv 
a=des:qos mandatory local sendrecv 

a=des:qos mandatory remote sendrecv 



ISUP Parameter 
values: 



lAM: Continuity indicator: Continuity check not required 



Comments: 



SIP 

INVITE 
180 Ringing 

200 OK INVITE 
ACK 

BYE 

200 OK BYE 



SUT 



Ringing tone 



Conversation 



ISUP 

lAM 
ACM 

ANM 



REL 
RLC 
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TP! 01 003 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.1 


TSS reference: 


SIP-ISUP/Basic call/ Sending of the Initial Address message (lAM)/ 


SIP selection 
criteria: 


NOT PICS 4/4 AND NOT PICS 4/5 


ISUP selection 
criteria: 




Test purpose: 


Call setup with precontion tag in the Supported header and preconditions are fullfield 
unsuccessful 

Ensure if the received SDR indicates that precondition is fulfilled the l-MGCF shall set the 
continuity indicators to "continuity check is not required". The SUT does not an answer to 

the precondition requirement. 


SIP Parameter 
values: 


INVITE: Supported: lOOrel, precondition 
SDP a=curr:qos local sendrecv 
a=curr:qos remote none 
a=des:qos mandatory local sendrecv 

a=des:qos none remote sendrecv 


ISUP Parameter 
values: 


lAM: Continuity indicator: Continuity check not required 


Comments: 


SIP SUT 
INVITE ^ ^ 
180 Ringing «■ «■ 

Ringing tone 

200 OK INVITE «■ «■ 
ACK ^ 

Conversation 

BYE ^ ^ 
200 OK BYE «■ «■ 


ISUP 

lAM 
ACM 

ANM 

REL 
RLC 
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ETSI TS 186 009-2 V2.1.1 (2009-03) 



1 r 1 U1 UU4 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.1 


TSS reference: 


SIP-ISUP/Basic call/ Sending of the Initial Address message (lAM)/ 


SIP selection 
criteria: 


PICS 4/4 AND PICS 4/5 


iSUP selection 
criteria: 


PICS 4/1 


Test purpose: 


Call setup with precondition tag in the Require header and requirement for recource 
reservation 

Ensure if the INVITE request contains the precondition tag in the Require header the 
received SDP indicates that precondition is not fulfilled the l-MGCF shall set the continuity 
indicators to "continuity check performed on a previous circuit" or "required on this circuit". 


SIP Parameter 
values: 


INVITE: Require: precondition 

SDP a=curr:qos local none 
a=curr:qos remote none 
a=des:qos mandatory local sendrecv 
a=des:qos none remote sendrecv 

183: Require: lOOrel 

SDP a=curr:qos local none 
a=curr:qos remote none 
a=des:qos mandatory local sendrecv 
a=des:qos mandatory remote sendrecv 
a=conf:qos remote sendrecv 

UPDATE: 

SDP a=curr:qos local sendrecv 
a=curr:qos remote none 
a=des:qos mandatory local sendrecv 
a=des:qos mandatory remote sendrecv 

200 OK UPDATE 

SDP a=curr:qos local sendrecv 
a=curr:qos remote sendrecv 
a=des:qos mandatory local sendrecv 
a=des:qos mandatory remote sendrecv 


ISUP Parameter 

values: 


lAM: "continuity check required on this circuit" or "Continuity check performed on a 
previous circuit" 


Comments: 


SIP SUT ISUP 

INVITE lAM 

1 83 Session Progress 

PRACK ^ 

200 OK PRACK «■ 




UPDATE ^ 
200 OK UPDATE «■ 


COT 




180 Ringing «■ «■ ACM 
PRACK ^ 
200 OK PRACK «■ 

Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 
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ETSI TS 186 009-2 V2.1.1 (2009-03) 



TriOlOUO 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.1 


TSS reference: 


SIP-ISUP/Basic call/ Sending of the Initial Address message (lAM)/ 


SIP selection 
criteria: 


PICS 4/4 AND PICS 4/5 


iSUP selection 
criteria: 


PICS 4/1 


Test purpose: 


Call setup with precondition tag in the Supported header and requirement for recource 
reservation 

Ensure if the INVITE request contains the precondition tag in the Supported header the 
received SDR indicates that precondition is not fulfilled the l-MGCF shall set the continuity 
indicators to "continuity check performed on a previous circuit" or "required on this circuit". 


SIP Parameter 
values: 


INVITE: Supported: precondition 

SDP a=curr:qos local none 
a=curr:qos remote none 
a=des:qos mandatory local sendrecv 
a=des:qos none remote sendrecv 

183: Require: lOOrel 

SDP a=curr:qos local none 
a=curr:qos remote none 
a=des:qos mandatory local sendrecv 
a=des:qos mandatory remote sendrecv 
a=conf:qos remote sendrecv 

UPDATE: 

SDP a=curr:qos local sendrecv 
a=curr:qos remote none 
a=des:qos mandatory local sendrecv 
a=des:qos mandatory remote sendrecv 

200 OK UPDATE 

SDP a=curr:qos local sendrecv 
a=curr:qos remote sendrecv 
a=des:qos mandatory local sendrecv 
a=des:qos mandatory remote sendrecv 


ISUP Parameter 

values: 


lAM: "continuity check required on this circuit" or "Continuity check performed on a 
previous circuit" 


Comments: 


SIP SUT ISUP 

INVITE lAM 

1 83 Session Progress 

PRACK ^ 

200 OK PRACK «■ 




UPDATE ^ 
200 OK UPDATE «■ 


COT 




180 Ringing «■ «■ ACM 
PRACK ^ 
200 OK PRACK «■ 

Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 
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ETSI TS 186 009-2 V2.1.1 (2009-03) 



TrlOlOUD 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.1 


TSS reference: 


SIP-ISUP/Basic call/ Sending of the Initial Address message (lAM)/ 


SIP selection 
criteria: 


NOT PICS 4/4 AND PICS 4/5 


iSUP selection 
criteria: 


PICS 4/1 


Test purpose: 


Call setup with precondition tag in the Require header and requirement for recource 
reservation 

Ensure if the INVITE request contains the precondition tag in the Require header the 
received SDR indicates that precondition is not fulfilled the l-MGCF shall send a 5xx final 
provisional response if preconditions are not supported. 


SIP Parameter 
values: 


INVITE: Require: precondition 

SDR a=curr:qos local none 

a=curr.qos remoie none 

a=des:qos mandatory local sendrecv 

a=des:qos none remote sendrecv 


ISUP Parameter 
values: 




Comments: 


SIP SUT ISUP 

INVITE ^ 

580 Precondition Failure 

ACK ^ 
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TP101007 


SIP reference: RFC 3261 [6] 


ISUP reference: 








ES 283 027 [1], clause 7.2.3.1.1 








RFC 3264 [18] 


TSS reference: 


SIP-ISUP/Basic call/ Sending of the Initial Address message (lAM)/ 


SIP selection 


PICS 4/4 AND PICS 4/5 




criteria: 








ISUP selection 


PICS 1/3 AND NOT PICS 4/1 




criteria: 








Test purpose: 


COT procedure not supported, lAM delayed until preconditions met 




Ensure if Continuity Check procedure is not supported in the ISUP network, and the SDP 




in the received INVITE request contains preconditions not met, the l-MGCF shall delay 




sending the lAM until the SIP preconditions are met and set the continuity indicators in the 




resulting lAIVI to "Continuity check not required". 


SIP Parameter 


INVITE: Require: precondition 




values: 


SDP 


a=curr:qos local none 








a=curr:qos remote none 








a=des:qos mandatory local sendrecv 






a=des:qos none remote sendrecv 




183: Require 


lOOrel 






SDP 


a=curr:qos local none 








a=curr:qos remote none 








a=des:qos mandatory local sendrecv 






a=des:qos mandatory remote sendrecv 






a=conf:qos remote sendrecv 






UPDATE: 








SDP 


a=curr:qos local sendrecv 








a=curr:qos remote none 








a=des:qos mandatory local sendrecv 






a=des:qos mandatory remote sendrecv 




200 OK UPDATE 






SDP 


a=curr:qos local sendrecv 








a=curr:qos remote sendrecv 








a=des:qos mandatory local sendrecv 






a=des:qos mandatory remote sendrecv 


1^1 IP PAmmotor 


lAM Continuity lndicator:continuity check required on this circuit. 




COT Continuity Indicator: continuity check successful; 


Commpnt^' 

\^ \^ 1 1 1 1 1 1 ^ 1 1 ■ 


SIP 


SUT ISUP 




INVITE 








183 Session Progress 






PRACK 








200 OK PRACK «■ 






UPDATE 




^ lAIVI 




200 OK UPDATE «■ 






180 Ringing 




«■ ACM 




PRACK 








200 OK PRACK «■ 








Ringing tone 




200 OK INVITE «■ 


«■ ANM 




ACK 










Conversation 




BYE 




^ REL 




200 OK BYE 




«■ RLC 
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TP101008 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.1 
RFC 3264 [18] 


TSS reference: 


SIP-ISUP/Basic call/ Sending of the Initial Address message (lAM)/ 


SIP selection 
criteria: 


PICS 4/4 AND PICS 4/5 


ISUP selection 
criteria: 


PICS 1/3 AND NOT PICS 1/4 AND PICS 4/1 


Test purpose: 


Media type not supported, call setup rejected 

dIbUlU lllctl lilt; 1 IVIOOr bllall lUJcUl all IINVI 1 C ioL]UobL lUi a bubblUII Ullly OUI ILdll III iy 

unsupported media types by sending a status code 488 "Not Acceptable Here. 


SIP Parameter 

vol uco ■ 


SDP: media type not supported in the SUT (PIXIT) 


ISUP Parameter 
values: 




Comments: 


SIP SUT ISUP 
INVITE ^ 
488 Not Acceptable Here «■ 
ACK ^ 



TP101009 


SIP reference: RFC 3261 [6] 


ISUP reference: 






ES 283 027 [1], clause 7.3.3.1.1 






RFC 3264 [18] 


TSS reference: 


SIP-ISUP/Basic call/ Sending of the Initial Address message (lAM)/ 


SIP selection 






criteria: 






ISUP selection 






criteria: 






Test purpose: 


SUT rejects unsupported media types 






Ensure that If several media streams are contained in a single INVITE request, the 




l-MGCF shall select one of the supported media streams, reserve the codec(s) for that 




media stream, and reject the other media streams and unselected codecs in the SDP 




answer, as detailed in RFC 3264 [18]. If supported audio media stream(s) and supported 




non-audio media stream{s) are contained in a single INVITE request, an audio stream 




should be selected. 




SIP Parameter 


Offer: m=audio 471 1 RTP/AVP 8 




values: 


m= video 4713 RTP/AVP 31 






Answer: m=audio 471 1 RTP/AVP 8 






m=video RTP/AVP 31 




ISUP Parameter 






values: 






Comments: 


SIP SUT ISUP 




INVITE ^ 


^ lAIVI 




180 Ringing *■ 


«■ ACM 




Ringing tone 




200 OK INVITE «■ 


«■ ANM 




ACK ^ 






Conversation 




BYE ^ 


^ REL 




200 OK BYE «■ 


«■ RLC 
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TP101010 


SIP reference: RFC 3261 [6] 






ISUP reference: 










ES 283 027 [1], clause 7.2.3.1.1 














RFC 3264 [18] 


TSS reference: 


SIP-ISUP/Basic call/ Sending of the Initial Address message (lAM)/ 


SIP selection 


PICS 4/15 












criteria: 














ISUP selection 














criteria: 














Test purpose: 


To tag included in 183 provisional response 










Ensure that The l-MGCF shall include a To tag In the first backward non-100 provisional 




response, In order to establish an early dialog as described In RFC 3261 [6] 


SIP Parameter 


1 83 To taq Included 


values: 


ISUP Parameter 


ACM: oBCI "Inband Info available" 










values: 














Comments: 


SIP 




SUT 




ISUP 




INVITE 










lAM 




1 83 Session Progress 










ACM(no indication) 




180 Ringing 


«■ 






«■ 


CPG(Alertlng) 








Ringing tone 








200 OK INVITE 


«■ 






«■ 


ANM 




ACK 


















Conversation 








BYE 










REL 




200 OK BYE 










RLC 



TP101011 


SIP reference: RFC 3261 [6] 




ISUP reference: 








ES 283 027 [1], clause 7.2.3.1.1 










RFC 3264 [18] 


TSS reference: 


SIP-ISUP/Basic call/ Sending of the Initial Address message (lAM)/ 


SIP selection 










criteria: 










ISUP selection 










criteria: 










Test purpose: 


To tag included in 180 provisional response 








Ensure that The l-MGCF shall include a To tag in the first bacl<ward non-100 provisional 




response, in order to establish an early dialog as described In RFC 3261 [6] 


SIP Parameter 


180 To tag Included 


values: 


ISUP Parameter 










values: 










Comments: 


SIP 


SUT 


ISUP 




INVITE 






^ lAM 




180 Ringing 


«■ 




«■ ACM 






Ringing tone 






200 OK INVITE 


«■ 




«■ ANM 




ACK 












Conversation 






BYE 






^ REL 




200 OK BYE 






RLC 
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ETSI TS 186 009-2 V2.1.1 (2009-03) 



TP101012 



SIP reference: RFC 3261 [6] 



ISUP reference: 
ES 283 027 [1], clauses 7.2.3.1.2.2 and 
7.2.3.1.2.3 



TSS reference: 



SIP-ISUP/Basic call/ Sending of the Initial Address message (lAM)/ 



SIP selection 
criteria: 



PICS 2/1 



ISUP selection 
criteria: 



PICS NOT 4/16 



Test purpose: 



Setting of nature of connection indicator and forward call indicator 
Ensure that the SUT on receipt of an INVITE message: 

sends an lAM message, where the Calling party's category is set to "Ordinary calling 
subscriber", the Nature of Connection Indicators (NCI) encoded as follows: 

• Satellite indicator set to: One satellite circuit in the connection". 

• Echo control device indicator set to: "Outgoing echo control device included". 

• The Forward call Indicator is encoded as follows: 
Interworking indicator: Interworking encounterd. 

ISUP/BICC Indicator: ISDN User part/BICC not used all the way. 

ISUP/BICC Preference indicator: ISDN user part/BICC not required all the way. 

ISDN access indicator: Originating acces non-ISDN. 



SIP Parameter 

values: 



ISUP Parameter 
values: 



Nature of Connection Indicators (NCI): 

Satellite indicator set to: "One satellite circuit in the connection" 

Echo control device indicator set to: "Outgoing echo control device included" 

Forward Call Indicators (FCI): 

Intenworking indicator: intenworking encounterd 

ISDN user part indicator: ISDN user part/BICC not used all the way 

ISDN access indicator: originating access non-ISDN 

ISDN user part preference indicator: ISDN user part/BICC not required all the way 



Comments: 



SIP 




INVITE 




180 Ringing 




200 OK INVITE 




ACK 




BYE 




200 OK BYE 





SUT 
Ringing tone 
Conversation 



ISUP 

lAM 
ACM 

ANM 



REL 
RLC 
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ETSI TS 186 009-2 V2.1.1 (2009-03) 



TP101013 



SIP reference: RFC 3261 [6] 



ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.2.2 
Q.767 



TSS reference: 



SIP-ISUP/Basic call/ Sending of the Initial Address message (lAM)/ 



SIP selection 
criteria: 



PICS 1/1 



ISUP selection 
criteria: 



Test purpose: 



Setting of nature of connection indicator and forward cali indicator T38 codec received 

Ensure that the SUT on receipt of an INVITE message with SDP m line T:38: 

sends an lAM message, where the Calling party's category is set to "Ordinary calling 
subscriber", the Nature of Connection Indicators (NCI) encoded as follows: 
• Satellite indicator set to: "One satellite circuit in the connection" . 

Echo control device indicator set to: "Outgoing echo control device not included", 
the Forward call Indicator is encoded as follows: 
Interworking indicator: Interworking encounterd 
ISUP/BICC Indicator: ISDN User part/BICC not used all the way 
ISUP/BICC Preference indicator: ISDN user part/BICC not required all the way 
ISDN access indicator: Originating acces non-ISDN 



SIP Parameter 
values: 



INVITE with SDP m line T:38 



ISUP Parameter 
values: 



Nature of Connection Indicators (NCI): 

Satellite indicator set to: "One satellite circuit in the connection" 

Echo control device indicator set to: "Outgoing echo control device not included" 

Forward Call Indicators (FCI): 

Intenworking indicator: intenworking encounterd 

ISDN user part indicator: ISDN user part/BICC not used all the way 

ISDN access indicator: originating access non-ISDN 

ISDN user part preference indicator: ISDN user part/BICC not required all the way 



Comments: 



SIP 




INVITE 




180 Ringing 




200 OK INVITE 




ACK 




BYE 




200 OK BYE 





SUT 
Ringing tone 
Conversation 



ISUP 

lAM 
ACM 

ANM 



REL 
RLC 
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ETSI TS 186 009-2 V2.1.1 (2009-03) 



TP101014 



SIP reference: RFC 3261 [6] 



ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.2.3 
Q.767 



TSS reference: 



SIP-ISUP/Basic call/ Sending of the Initial Address message (lAM)/ 



SIP selection 
criteria: 



PICS 2/3 



ISUP selection 
criteria: 



PICS 4/16 



Test purpose: 



Setting of nature of connection indicator and forward cali indicator indicating ISDN and 
TMR 64 kBit/s 

Ensure that the SUT on receipt of an INVITE message with SDP m line CLEARMODE: 

• sends an lAM message, where the Calling party's category is set to "Ordinary calling 
subscriber", if the TIVIR = 64 kBit/s unrestricted is used the Nature of Connection 
Indicators (NCI) encoded as follows: 

the Nature of Connection Indicators (NCI) encoded as follows: 

Satellite indicator set to: "One satellite circuit in the connection" 

Echo control device indicator set to: outgoing echo control device not included. 

the Forward call indicator is encoded as follows: 

Interworking indicator: No interworking encounterd 

ISUP/BICC Indicator: ISDN User part/BICC used all the way 

ISUP/BICC Preference indicator: ISDN user part/BICC not required all the way 

ISDN access indicator: Originating acces ISDN. 



SIP Parameter 
values: 



ISUP Parameter 
values: 



Nature of Connection Indicators (NCI): 

Satellite indicator set to: "One satellite circuit in the connection" 

Echo control device indicator set to: outgoing echo control device not included 
Forward Call Indicators (FCI): 

Interworking indicator: No intenworking encounterd 

ISDN user part indicator: ISDN user part/BICC used all the way 

ISDN access indicator: originating access ISDN 

ISDN user part preference indicator: ISDN user part/BICC not required all the way 



Comments: 



SIP 




INVITE 




180 Ringing 




200 OK INVITE 




ACK 




BYE 




200 OK BYE 





SUT 



Ringing tone 



Conversation 



ISUP 

lAM 
ACM 

ANM 



REL 
RLC 
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ETSI TS 186 009-2 V2.1.1 (2009-03) 



1 rlU1U15 


oir reterence: Kro ozoi [oj loUr reterence: 

ES 283 027 [1], clause 7.2.3.1.2.5 


TSS reference: 


SIP-ISUP/Basic call/ Sending of the Initial Address message (lAM)/ 


SIP selection 
criteria: 


Based on table 1 


iSUP selection 
criteria: 




Test purpose: 


Mapping of SDP into tiie TMR 

Ensure that the SUT in the Idle state on receipt of an INVITE message containing the 
media description defined in table 1 with the "a =" "b =" and "m=" lines set to 
a_b_m_LINE_VALUE: 

sends an lAM message, with the Transmission Medium Requirement (TMR) parameter set 
to TMR_VALUE. 


SIP Parameter 
values: 


INVITE; a_b_m_LINE_VALUE 


ISUP Parameter 
values: 


lAM; TMR: ISUP_TMR 


Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 
180 Ringing ^ ^ ACM 

Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE PEL 
200 OK BYE «■ «■ RLC 



ETSI 



25 



ETSI TS 186 009-2 V2.1.1 (2009-03) 



Table 1 



Values for test purposes TP101015 


1 a_b_in_LlNE_VALUE 




m= line 


b= line 


a= line 


TI\flR_VALUE 


test purposes 


<media> 


<transport> 


<fmt-list> 


<modifier>:<bandwidt 
h-value> 


rtpmap:<dynamic-PT> 
<encoding name>/<clock 
rate>[/encoding 
parameters> 


TMR codes 


VA_01 


audio 


RTP/AVP 


Dynamic PT 


N/A or up to 64 kbit/s 


rtpmap:<dynamic-PT> 
PCIvlU/8000 


"3,1 KHz audio" 


VA 02 


audio 


RTP/AVP 


8 


N/A or up to 64 kbifs 


N/A 


3,1 KHz audio 


VA_03 


audio 


RTP/AVP 


Dynamic PT 


N/A or up to 64 kbit/s 


rtpmap:<dynamic-PT> 
PCMA/8000 


"3,1 KHz audio" 


VA_04 


audio 


RTP/AVP 


Dynamic PT 


AS: 64 kbit/s 


rtpmap:<dynamic-PT> 
CLEARI\/IODE/8000 
(NOTE 2) 


"64 kbit/s unrestricted" 


VA_05 


image 


udpti 


138 [31] 


N/A or up to 64 kbit/s 


Based on 

ITU-T Recommendation T.3 

8 [31] 


"3,1 kHz audio" 


VA_06 


image 


tcpti 


t38[31] 


N/A or up to 64 kbit/s 


Based on 

ITU-T Recommendation T.3 
8 131] 


"3,1 kHz audio" 


VA 07 


audio 


RTP/AVP 





N/A or up to 64 kbifs 


N/A 


"3,.1 KHz audio" 


NOTE 1 : In this table the codec G.71 1 Is used only as an example. Other codecs are possible. 
NOTE 2: CLEARMODE is specified in RFC 4040 [19]. 

NOTE 3: If the b=line indicates a bandwidth greater than 64 kbit/s then the call may use compression techniques or reject the call with a 41 5 response 

indicating that only one media stream of 64 kbit/s is supported. 
NOTE 4: <bandwidth value> for <modifier> of AS is in units of kbit/s. 
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TP101016 



SIP reference: RFC 3261 [6] 



ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.2.5 



TSS reference: 



SIP-ISUP/Basic call/ Sending of the Initial Address message (lAM)/ 



SIP selection 
criteria: 



PICS 2/3 



ISUP selection 
criteria: 



PICS 4/18 AND PICS 4/19 



Test purpose: 



Fallback connection type supported: Mapping of the second PSTN XML BearerCapability 
elements into TMR and USI prime 

Ensure that when the INVITE request includes multiple PSTN XML bearer information 
element: 

If the first stated codec in the INVITE is a codec appearing in table 1 and is the equivalent 
as stated within the second Bearer Capability in the XML Bearer Capability element then 
the l-MGCF shall map the XML Bearer Capability element into the TMR and USI prime 
and shall set the TMR to "64 kBit/s preferred". 



SIP Parameter 
values: 



first BO: 3,1 kHz audio or speech 

second BC: unrestricted digital information with tones/announcements 



ISUP Parameter 
values: 



USI Prime: unrestricted digital information with tones/announcements 
TMR: 64 kBit/s preferred 



Comments: 



SIP 

INVITE 
180 Ringing 

200 OK INVITE 
ACK 

BYE 

200 OK BYE 



SUT 
Ringing tone 
Conversation 



ISUP 

lAM 
ACM 

ANM 



REL 
RLC 



TP101017 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.2.5a 


TSS reference: 


SIP-ISUP/Basic call/ Sending of the Initial Address message (lAM)/ 


SIP selection 
criteria: 


PICS 4/18 


ISUP selection 
criteria: 


PICS 4/19 


Test purpose: 


Fallback connection type supported: Mapping of the first PSTN XML BearerCapability 
elements into USI and TMR prime 

Ensure when the INVITE request includes multiple PSTN XML BearerCapability then the 

l-MGCF shall: 

If the second stated codec in the INVITE is a codec appearing in table 1 and is the 
equivalent as stated within the first Bearer Capabililty in the XML Bearer Capability 
element then the l-MGCF shall map the XML Bearer Capability element into the TMR 
prime and USI and shall map the TMR prime from the PSTN XML BearerCapability 
( 1 nf ormationTransf erCababi lity) . 


SIP Parameter 
values: 


first BC: 3,1 kHz audio or speech 

second BC: unrestricted digital information with tones/announcements 


ISUP Parameter 
values: 


USI: 3,1 kHz audio or speech 
TMR prime: 3,1 kHz audio or speech 


Comments: 


SIP SUT 

INVITE 

180 Ringing «■ <■ 

Ringing tone 

200 OK INVITE «■ «■ 
ACK 

Conversation 

BYE ^ ^ 
200 OK BYE «■ «■ 


ISUP 

lAM 
ACM 

ANM 

REL 
RLC 
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1 riUlUlo 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.2.5a 


TSS reference: 


SIP-ISUP/Basic call/ Sending of the Initial Address message (lAM)/ 


SIP selection 
criteria: 


PICS 4/18 


ISUP selection 
criteria: 


PICS 4/19 


Test purpose: 


Fallback supported. Discard the second PSTN XML BearerCapability element if it is not 
equivalent to the first codec in the SDP 

Ensure when the INVITE request includes multiple PSTN XML BearerCapability then the 1- 
MGCF shall: 

If the compared first codec stated within the INVITE is not equivalent as stated within the 
second XML Bearer Capability element, then the second XML Bearer Capability element 
shall be discarded. 


SIP Parameter 
values: 


PSTN XML BC 1 (speech or 3,1 kHz audio) 

PSTN XML BC 2 (unrestricted digital information with tones and announcements) 




SDP: m =audio xxx, RTP/AVP 8 






ISUP Parameter 
values: 


USI: not included 
TMR. 3,1 kHz audio 


Comments: 


SIP SUT 

INVITE ^ 
180 Ringing «■ 

Ringing tone 

200 OK INVITE «■ 
ACK ^ 

Conversation 

BYE ^ 
200 OK BYE «■ 


ISUP 

^ lAM 
«■ ACM 

«■ ANM 

^ REL 
«■ RLC 



TP101019 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.2.5 


TSS reference: 


SIP-ISUP/Basic call/ Sending of the Initial Address message (lAM)/ 


SIP selection 
criteria: 


PICS 4/18 


ISUP selection 
criteria: 




Test purpose: 


Mapping of PSTN XML BearerCapability element into the USI parameter 

Ensure that the SUT in the Idle state on receipt of an INVITE message containing the XML 
BearerCapability element the mapping of the USI ISUP_USI shall be taken from the PSTN 
XML BearerCapability value ISDN_BC. 


SIP Parameter 
values: 


PSTN XML BearerCapability ISDN_BC 


ISUP Parameter 

values: 


lAM: USI = ISUP_USI 


Comments: 


SIP 

INVITE 
180 Ringing 

200 OK INVITE 
ACK 

BYE 

200 OK BYE 


SUT 

«■ 

Ringing tone 

«■ 

Conversation 


ISUP 
^ lAM 
«■ ACM 

«■ ANM 

^ REL 
«■ RLC 



Values and selection criteria for tlie test purpose TP101019 


VA 01 


ISDN BC = speech 


ISUP USI = speech 


VA 02 


ISDN_BC = 3,1 kHz audio 


ISUP_USI = 3,1 kHz audio 


VA 03 


ISDN_BC = Unrestricted digital information 


ISUP_USI = Unrestricted digital information 
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1 riUlU^U 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.2.5 


TSS reference: 


SIP-ISUP/Basic call/ Sending of the Initial Address message (lAM)/ 


SIP selection 
criteria: 


PICS 4/18 


ISUP selection 
criteria: 




Test purpose: 


Mapping of PSTN XML BearerCapability element into the TMR parameter 

Ensure that the SUT in the Idle state on receipt of an INVITE message containing one 
PSTN XML BearerCapability value ISDN_BCJTC 

sends an lAM message, with the Transmission Medium Requirement (TMR) parameter set 
to ISUP TMR. 


SIP Parameter 
values: 


INVITE; PSTN XML BearerCapability 


ISUP Parameter 

values: 


lAM: TMR 


Comments: 


SIP 

INVITE 
180 Ringing 

200 OK INVITE 
ACK 

BYE 

200 OK BYE 


SUT 

«■ 

Ringing tone 

«■ 

Conversation 


ISUP 
^ lAM 
«■ ACM 

«■ ANM 

^ REL 
«■ RLC 



Values and selection criteria for the test purpose TP101020 


VA_01 


ISDN BC ITC = speech 
ISDN BC ITR = 64 kbits/s 


ISUP_TMR = speech 


VA_02 


ISDN BC ITC = 3,1 kHz audio 
ISDN BC ITR = 64 kbits/s 


ISUP_TMR = 3,1 kHz audio 


VA_03 


ISDN BC ITC = unrestricted digital information 
ISDN BC ITR = 64 kbits/s 


ISUP_TMR = 64 kbits/s unrestricted 




TP101021 


SIP reference: RFC 3261 [6] ISUP reference: 

ES 283 027 [1], clause 7.2.3.1.2.5 


TSS reference: 


SIP-ISUP/Basic call/ Sending of the Initial Address message (lAM)/ 


SIP selection 

criteria: 


PICS 4/18 


ISUP selection 
criteria: 




Test purpose: 


No PSTN XML received, mapping of HLC in ATP 

Ensure that the SUT in the Idle state on receipt of an INVITE message, with the media 
description defined in table 2 with the "a =" "b =" and "m=" lines to lines set to 
a_b_m_LINE_VALUE: 

• sends an lAM message with the Access transport parameter containing the HLC 
information element. 


SIP Parameter 

values: 


INVITE: a_b_m_LINE_VALUE 


ISUP Parameter 
values: 


lAM; Access transport parameter HLC: HLC_VALUE 


Comments: 


SIP SUT ISUP 

INVITE ^ ^ lAM 
180 Ringing «■ «■ ACM 

Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 
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Table 2 



Values for test purposes TP101021 


M= line 


b= line 


a= line 


HLC parameter 

Ul ^ \/AI 1 IE 


Test purposes 


<media> 


<transport> 


<fmt-list> 


<modifier>:<bandwid1h- 
value> 


rtpmap:<dynamic-PT> 
<encoding name>/<clock 
ra1e>[/encoding 
parame1ers> 


/"» \ / A 1 lie 

HLC_VALUt 








see note 1 






VA 01 


Audio 


RTP/AVP 





N/A or up to 64 kbit/s 


N/A 


See note 2 


VA_02 


Audio 


RTP/AVP 


Dynamic PT 


N/A or up to 64 kDit/s 


r1pmap:<dynamic-PT> 
rUMU/bUUU 


bee note 2 


VA 03 


Audio 


RTP/AVP 


8 


N/A or up to 64 kbit/s 


N/A 


See note 2 


VA_04 


Audio 


RTP/AVP 


Dynamic PT 


N/A or up to 64 kbit/s 


rtpmap:<dynamic-PT> 
PCMA/8000 


See note 2 


VA_05 


Image 


UdptI 


138 


N/A or up to 64 kbit/s 


Based on ITU-T 
Recommendation T.38 [31] 


"Facsimile Group 2/3" 


VA_06 


Image 


TcptI 


138 


N/A or up to 64 kbit/s 


Based on ITU-T 
Recommendation T.38 [31] 


"Facsimile Group 2/3" 


NOTE 1 : <bandwidth value> for <modifier> of AS is evaluated to be B kbit/s. 






NOTE 2: HLC normally absent in this case. It is possible for HLC to be present with the value "Telephony", although 

clause 6.3.1/ITU-T Recommendation Q.939 [13] indicates that this would normally be accompanied by a value of "Speech" for the Information 
Transfer Capability element. 
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1 riUlU^^ 


SIP reference: RFC 3261 [6] 


ISUP reference: 






ES 283 027 [1], clause 7.2.3.1.2.10 


TSS reference: 


SIP-ISUP/Basic call/ Sending of the Initial Address message (lAM)/ 


SIP selection 






criteria: 






iSUP selection 






criteria: 






Test purpose: 


Mapping of PSTN XML BearerCapability and HighLayerCompatibility in ATP HLC 




Ensure that the SUT in the Idle state on receipt of a INVITE message with a PSTN XML 




BearerCapability BC_VALUE and the PSTN XML HighLayerCompatibility HLC_VALUE 




sends an lAIVI message with the Access transport parameter containing the received 




PSTN XIUIL HighLayerCompatibility]. 




bir rarameter 


INVITE 






PSTN XML BearerCapability: BC VALUE 






PSTN XML HighLayerCompatibility; HLC_VALUE 




lAM; Access transport parameter HLC: HLC_VALUE 


veil uco ■ 






Comments' 


SIP SUT ISUP 




INVITE ^ 


^ lAM 




180 Ringing «■ 


«■ ACM 




Ringing tone 




200 OK INVITE «■ 


«■ ANM 




ACK ^ 






Conversation 




BYE ^ 


^ PEL 




200 OK BYE «■ 


«■ RLC 



Values and selection criteria for the test purpose TP101022 


VA_01 


HLC VALUE = Telephony 
BC_VALUE = speech 


VA_02 


HLC VALUE = Facsimile Group 2/3 (ITU-T Recommendation F.182 [20]) 
BC_VALUE = 3,1 l<Hz audio 


VA_03 


HLC_VALUE == Facsimile Group 4 Class 1 (ITU-T Recommendation F.184 [20]) 
BC_VALUE = Unrestricted digital information 


VA_04 


HLC_VALUE == Teletex service, basic and mixed mode of operation 

(ITU-T Recommendation F.230 [22]) and facsimile service Group 4, Classes II and III 

(ITU-T Recommendation F.184 [21]) 

BC_VALUE = Unrestricted digital information 


VA_05 


HLC_VALUE == Teletex service, basic and processable mode of operation 
(ITU-T Recommendation F.220 [23]) 
BC_VALUE = Unrestricted digital information 


VA_06 


HLC VALUE = Teletex service, basic mode of operation (ITU-T Recommendation F.200 

[24]) 

BC_VALUE = Unrestricted digital information 


VA_07 


HLC_VALUE = Syntax based Videotex (ITU-T Recommendations F.300 [25] and T.I 02) 
BC VALUE = Unrestricted digital information 


VA_08 


HLC_VALUE = International Videotex interworl<ing via gateways or intenworking units (ITU- 
T Recommendations F.300 [25] and T.I 01) 
BC_VALUE = Unrestricted digital information 


VA_09 


HLC_VALUE = Telex service (ITU-T Recommendation F.60 [26]) 
BC_VALUE = Unrestricted digital information 


VA_10 


HLC_VALUE = Message Handling Systems (MHS) (X.400 - Series Recommendations) 
BC VALUE = Unrestricted digital information 


VA_11 


HLC_VALUE = OSI application (X.200 - Series ITU-T Recommendations) 
BC VALUE = Unrestricted digital information 


VA_12 


HLC_VALUE = Audio visual (ITU-T Recommendation F.721 [27]) 
BC_VALUE = Unrestricted digital information 
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1 riUlU^o 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.2.10 


TSS reference: 


SIP-ISUP/Basic call/ Sending of the Initial Address message (lAM)/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


Mapping of PSTN XML BearerCapability and HighLayerCompatibility in User Teleservice 
parameter 

Ensure that the BUT in the Idle state on receipt of a INVITE message with PSTN XML 
BearerCapability BC_VALUE and the PSTN XML HighLayerCompatibility HLC_VALUE 

sends an lAM message with the User Teleservice parameter containing the received 
PSTN XML HighLayerCompatibility. 


SIP Parameter 
values: 


INVITE 

PSTN XML BearerCapability: BC VALUE 

PSTN XML HighLayerCompatibility: HLC_VALUE 


ISUP Parameter 
values: 


lAM; User teleservice parameter 


Comments: 


SIP BUT 
INVITE ^ 
180 Ringing «■ 

Ringing tone 

200 OK INVITE «■ 
ACK ^ 

Conversation 

BYE ^ 
200 OK BYE «■ 


ISUP 
^ lAM 
«■ ACM 

«■ ANM 

^ REL 
«■ RLC 



Values and selection criteria for the test purpose TP101023 


VA_01 


HLG VALUE = Telephony 
BG_VALUE = speech 


VA_02 


HLG VALUE = Facsimile Group 2/3 (ITU-T Recommendation F.182 [20]) 
BG_VALUE = 3,1 kHz audio 


VA_03 


HLG_VALUE == Facsimile Group 4 Glass 1 (ITU-T Recommendation F.184 [21]) 
BG_VALUE = Unrestricted digital information 


VA_04 


HLG_VALUE == Teletex service, basic and mixed mode of operation (ITU-T 
Recommendation F.230 [22]) and facsimile service Group 4, Glasses 11 and III (ITU-T 
Recommendation F.184 [21]) 
BC_VALUE = Unrestricted digital information 


VA_05 


HLG_VALUE == Teletex service, basic and processable mode of operation (ITU-T 

Recommendation F.220 [23]) 

BG_VALUE = Unrestricted digital information 


VA_06 


HLG VALUE = Teletex service, basic mode of operation (ITU-T Recommendation F.200 
[24]) 

BG_VALUE = Unrestricted digital information 


VA_07 


HLG_VALUE = Byntax based Videotex (ITU-T Recommendations F.300 [25] and T.I 02) 
BG VALUE = Unrestricted digital information 


VA_08 


HLG_VALUE = International Videotex interworking via gateways or interworking units 
(ITU-T Recommendations F.300 [25] and T.I 01) 
BG_VALUE = Unrestricted digital information 


VA_09 


HLC_VALUE = Telex service (ITU-T Recommendation F.60 [26]) 
BG VALUE = Unrestricted digital information 


VA_10 


HLG_VALUE = Message Handling Bystems (MHB) (X.400 - Beries Recommendations) 
BG_VALUE = Unrestricted digital information 


VA_11 


HLG_VALUE = OBI application (X.200 - Beries Recommendations) 
BC VALUE = Unrestricted digital information 


VA_12 


HLC_VALUE = Audio visual (ITU-T Recommendation F.721 [27]) 
BC_VALUE = Unrestricted digital information 
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1 r1U1U^4 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.2.10 


TSS reference: 


SIP-ISUP/Basic call/ Sending of the Initial Address message (lAM)/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


Mapping of PSTN XML LowLayerCompatibility in ATP LLC 






Ensure that the SUT in the Idle state on receipt of a INVITE message with a PSTN XML 
LowLayerCompatibility 




sends an lAM message with the Access transport parameter containing the PSTN XML 
LowLayerCompatibility as received in the INVITE message. 


SIP Parameter 
values: 


INVITE ; PSTN XML LowLayer Compatibility: LLC_VALUE (PIXIT) 


ISUP Parameter 

values: 


lAM; Access transport parameter LLC: LLC_VALUE (PIXIT) 


Comments: 


SIP SUT 
INVITE ^ ^ 
180 Ringing «■ <■ 

Ringing tone 

200 OK INVITE «■ «■ 
ACK ^ 

Conversation 

BYE 

200 OK BYE «■ «■ 


ISUP 

lAM 

ACM 

ANM 

REL 
RLC 



TP101025 


SIP reference: RFC 3261 [6] 






ISUP reference: 






ES 283 027 [1], clause 7.2.3.1.2.10 


TSS reference: 


SIP-ISUP/Basic call/ Sending of the Initial Address message (lAM)/ 


SIP selection 










criteria: 










ISUP selection 










criteria: 










Test purpose: 


Mapping of PSTN XML Progresslndicator in ATP PI 








Ensure that the SUT in the Idle state on receipt of a INVITE message with a valid PSTN 




XML Progresslndicator 










sends an lAM message with the Access transport parameter containing the PSTN XML 




Progresslndicator as received in the INVITE message. 






SIP Parameter 


INVITE; PSTN XML Progresslndicator: PI_VALUE 






values: 










ISUP Parameter 


lAM; progress indicator PI_VALUE 








values: 










Comments: 


SIP SUT 




ISUP 




INVITE ^ 






lAM 




180 Ringing «■ 






ACM 




Ringing tone 








200 OK INVITE «■ 






ANM 




ACK ^ 










Conversation 








BYE ^ 






REL 




200 OK BYE «■ 






RLC 



Values and selection criteria for the test purpose TP101025 


VA_01 


PI VALUE = Call is not end-to-end ISDN; further call progress information is available 
in-band (# 1) 


VA 02 


PI_VALUE = Originating access is non ISDN (#3) 
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1 rlUlU^O 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.2.9 


TSS reference: 


SIP-ISUP/Basic call/ Sending of the Initial Address message (lAM)/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 


PICS 4/3 


Test purpose: 


HOP counter derived from the Max-Forward header 

Ensure that the SUT the l-IVIGCF shall derive the Hop Counter parameter value from the 
Max-Fonwards header field value by applying a factor. The Hop Counter for a given 
message should never increase and should decrease by at least 1 with each successive 
visit to an MGCP, regardless of interworking, and similarly for Max-Fonwards in the SIP 
domain. 


SIP Parameter 
values: 


Max-Fonward header 


ISUP Parameter 

values: 


lAM: Hop Counter parameter value 


Comments: 


SIP SUT ISUP 

INVITE ^ ^ lAM 
180 Ringing «■ «■ ACM 
nil ly ii ly lui ic 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 


The initial and successively mapped values of Hop Counter should be large enough to 
accommodate the maximum number of hops that might be expected of a validly routed 
call. 



TP101027 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.2.1 


TSS reference: 


SIP-ISUP/Basic call/ Sending of the Initial Address message (lAM)/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 


NOT PICS 1/5 


Test purpose: 


Mapping of Request URI into called party number "national number" 

Analyse the information contained in received Request URI E.I 64 address. 
If CC is country code of the network in which the next hop terminates, then set Nature of 
Address indicator to "National (significant) number". The country code is removed from 
the numberstring. 


SIP Parameter 
values: 


INVITE: Request URI 


ISUP Parameter 
values: 


lAM: Called party number 


Comments: 


SIP SUT 
INVITE ^ 
180 Ringing «■ 

Ringing tone 

200 OK INVITE «■ 
ACK ^ 

Conversation 

BYE 

200 OK BYE «■ 


ISUP 
^ lAM 
«■ ACM 

«■ ANM 

^ REL 
«■ RLC 



ETSI 



34 



ETSI TS 186 009-2 V2.1.1 (2009-03) 



1 riUlU^o 


SIP reference: RFC 3261 [6] 






ISUP reference: 






ES 283 027 [1], clause 7.2.3.1.2.1 


TSS reference I 


SIP-ISUP/Basic call/ Sending of the Initial Address message (lAM)/ 


SIP selection 










criteria: 










iSUP selection 


PICS 1/5 








criteria: 










Test purpose: 


Mapping of Request URI into cailed party number "international number" 




Analyse the information contained in received Request URI E.164 address. 




If CC is not the country code of the network in which the next hop terminates, then set 




Nature of Address indicator to "International number". 






oil ~CllClllldd 


INVITE: Request URI 








V m ■ 










IQI ID DafamafAr 
lOU 1 ~aicllllcld 


lAM: Called party number 


valllPQ' 


Comments' 


SIP SUT 




ISUP 




INVITE ^ 






lAM 




180 Ringing «■ 






ACM 




Ringing tone 








200 OK INVITE «■ 






ANM 




ACK ^ 










Conversation 








BYE ^ 






REL 




200 OK BYE «■ 






RLC 



TP101029 


SIP reference: RFC 3261 [6] 


ISUP reference: 






ES 283 027 [1], clause 7.2.3.1 .2.1 


TSS reference: 


SIP-ISUP/Basic call/ Sending of the Initial Address message (lAM)/ 


SIP selection 






criteria: 






ISUP selection 






criteria: 






Test purpose: 


Mapping of Request URI into called party number. Setting of Numbering plan and internal 




network number indicator 






Ensure that the SUT on receipt of an INVITE message with a Called party number 




contained in the userinfo component of the Request-URI: 




• Internal Network Number Indicator: routing to internal network number not allowed. 




• Numbering plan Indicator: 001 ISDN (Telephony) numbering plan. 


SIP Parameter 


INVITE: Request URI 




values: 






ISUP Parameter 


lAM: Called party number 


values: 


Comments: 


SIP SUT ISUP 




INVITE ^ 


^ lAM 




180 Ringing «■ 


«■ ACM 




Ringing tone 




200 OK INVITE «■ 


«■ ANM 




ACK ^ 






Conversation 




BYE ^ 


^ REL 




200 OK BYE «■ 


«■ RLC 
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TriOlOoO 


SIP reference: RFC 3261 [6] 




ISUP reference: 








ES 283 027 [1], clause 7.2.3.1.2.1 


TSS reference: 


SIP-ISUP/Basic call/ Sending of the Initial Address message (lAM)/ 


SIP selection 












criteria: 












iSUP selection 












criteria: 












Test purpose: 


Mapping of number digits in the Requesr URI into address signals in ttie Called party 




number CC is tlie same as the MGCF is located 








Analyse the information contained in received E.164 address. 






If CC is country code of the network in which the next hop terminates, then remove "+CC" 




and use the remaining digits to fill the Address signals. 






oil ~CllClllldd 


INVITE: Request URI 










V m ■ 












IQI ID DafamafAr 
lOU 1 ~aicllllcld 


lAM: Called party number address signals 








valllPQ' 












Comments' 


SIP 


SUT 




ISUP 




INVITE 








lAM 




180 Ringing 


«■ 






ACM 






Ringing tone 








200 OK INVITE 


«■ 






ANM 




ACK 














Conversation 








BYE 








REL 




200 OK BYE 








RLC 



TP101031 


SIP reference: RFC 3261 [6] 




ISUP reference: 








ES 283 027 [1], clause 7.2.3.1 .2.1 


TSS reference: 


SIP-ISUP/Basic call/ Sending of the Initial Address message (lAM)/ 


SIP selection 












criteria: 












ISUP selection 












criteria: 












Test purpose: 


Mapping of number digits in the Requesr URI into address signals in the Called party 




number 00 is not the same as the MGCF is located 








Analyse the information contained in received E.164 address. 






If CC is not the country code of the network in which the next hop terminates, then remove 




"+" and use the remaining digits to fill the Address signals. 




SIP Parameter 


INVITE: Request URI 










values: 












ISUP Parameter 


lAM: Called party number address signals 








values: 












Comments: 


SIP 


SUT 




ISUP 




INVITE 








lAM 




180 Ringing 


«■ 






ACM 






Ringing tone 








200 OK INVITE 


«■ 






ANM 




ACK 














Conversation 








BYE 








REL 




200 OK BYE 








RLC 
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1 riUlUo^ 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.2.1 


TSS reference: 


SIP-ISUP/Basic call/ Sending of the Initial Address message (lAM)/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


Mapping of calling party category 








Ensure that a cpc SIP_CPC parameter SIP_CPC received in the P-Asserted-ldentity and 
the "language" in the Accept-Contact SIP_LANG header is mapped into the calling party 
parameter ISUP_CPC in the sent lAM 


SIP Parameter 
values: 


INVITE: P-Asserted- Identity, Accept-Contact 


ISUP Parameter 
values: 


lAM: Calling Party Category 


Comments: 


SIP 
INVITE 
180 Ringing 

200 OK INVITE 
ACK 

BYE 

200 OK BYE 


SUT 

«■ 

Ringing tone 

«■ 

Conversation 

■» 
«■ 


ISUP 
^ lAM 
«■ ACM 

«■ ANM 

■» REL 
«■ RLC 



Values for test purposes TP1 01 032 


SIP_CPC 


ISUP_CPC 


cpc received in a 
P-Asserted-ldentity 


Accept-Contact 
'language' 
SIP LANG 


Sent Calling party's category 


operator 


French 


operator, language French 


operator 


English 


operator, language English 


operator 


German 


operator, language German 


operator 


Russian 


operator, language Russian 


operator 


Spanish 


operator, language Spanish 


ordinary 




ordinary calling subscriber 


test 




Test call 


payphone 




Payphone 


cellular 




mobile terminal located in the home PLMN 


cellular-roaming 




mobile terminal located in a visited PLMN 


ieps 




IEPS call marking for preferential call set up 



6.2.1 .2 Overlap procedure at the l-MGCF 

FFS 
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6.2.1.3 Sending of COT 



TP1 03001 


SIP reference: RFC 3261 [6] ISUP reference: 

ES 283 027 [1], clause 7.2.3.1.3 


TSS reference: 


SIP-ISUP/Basic call/ COT 


SIP selection 
criteria: 


PICS 4/4 AND PICS 4/5 


ISUP selection 
criteria: 


PICS 1/5 AND PICS 4/1 


Test purpose: 


COT is sent after precondition met 

If the lAM has already been sent, the Continuity message shall be sent indicating 
"continuity check successful", when all of the following conditions have been met: 

The requested preconditions (if any) in the IMS network have been met. 

A possible outstanding continuity check procedure is successfully performed on the 

outgoing circuit. 


SIP Parameter 
values: 


INVITE: Require: precondition 

SDP a=curr:qos local none 
a=curr:qos remote none 
a=des:qos mandatory local sendrecv 
a=des:qos none remote sendrecv 

183: Require: lOOrel 

SDP a=curr:qos local none 
a=curr:qos remote none 
a=des:qos mandatory local sendrecv 
a=des:qos mandatory remote sendrecv 
a=conf:qos remote sendrecv 

UPDATE: 

SDP a=curr:qos local sendrecv 
a=curr:qos remote none 
a=des:qos mandatory local sendrecv 
a=des:qos mandatory remote sendrecv 

200 OK UPDATE 

SDP a=curr:qos local sendrecv 
a=curr:qos remote sendrecv 
a=des:qos mandatory local sendrecv 
a=des:qos mandatory remote sendrecv 


ISUP Parameter 
values: 


lAM: "Continuity check performed on a previous circuit" or "Continuity check required on 
this circuit" 

COT continuity indicator: Continuity check successful; 


Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 
1 83 Session Progress 
PRACK 

200 OK PRACK «■ 

UPDATE ^ ^ COT 
200 OK UPDATE «■ 

1Sn Rinninn ^ ^ AflM 
1 ow nil luii ly ^ ^ rtwivi 

PRACK ^ 
200 OK PRACK «■ 

Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK 

Conversation 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 
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6.2.1 .4 Receipt of the Address Complete Message (ACM) 



TP1 04001 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.4 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of the Address complete message (ACM)/ 


SIP selection 
criteria: 


NOT PICS 4/15 


ISUP selection 
criteria: 




Test purpose: 


Early ACM not interworked 






Ensure that the SUT on receipt of an ACM message where the Called party status 
indicator is set to "no indication": 




• the ACM is not interworked. 




SIP Parameter 
values: 




ISUP Parameter 
values: 


ACM Called party status: no indication; 


Comments' 


SIP SUT ISUP 
INVITE ^ ^ lAM 

ACM (no indication) 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 



TP1 04002 


SIP reference: RFC 3261 [6] ISUP reference: 

ES 283 027 [1], clause 7.2.3.1.4 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of the Address complete message (ACM)/ 


SIP selection 
criteria: 


NOT PICS 4/15 


ISUP selection 
criteria: 




Test purpose: 


Early ACM not interworked. Announcement provided by the terminating network 

Ensure that the SUT on receipt of an ACM message where the Called party status 
indicator is set to "no lndication"and during the establishment of the communication the 

PSTN/ISDN provides an announcement: 

• the ACM is not interworked. 


SIP Parameter 

values: 




ISUP Parameter 
values: 


ACM Called party status: no indication; 


Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 

ACM (no indication) 

Tones or announcement 
200 OK INVITE «■ «■ ANM 
ACK 

Conversation 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 
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SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1. 4A 


TSS reference: 


SlP-ISUP/Basic call/ Receipt of the Address complete message (ACM)/ 


SIP selection 
criteria: 


PIGS 4/15 AND PICS 2/1 


iSUP selection 
criteria: 




Test purpose: 


Early ACM terminating access ISDN and OBCI "inband info available" received. Sending 
of 183 containing a P-Early-Media header 

Ensure that SUT on receipt of an ACM message where the CPS indicator is set to "no 
indication" the ISUP indicator is set to "ISUP is used all the way", the ISDN access 
indicator Is set to "ISDN" and the OBCI with the in-band information is set to "Yes" 
and if the l-MGGF has received the P-Early-Media header in the INVITE request, and has 
not already sent a provisional response including a P-Early-Media header with parameters 
indicating authorization of early media, then the l-MGCF shall: 

• send the 1 83 Session Progress response with a P-Early-Media header authorizing 
early media. 


SIP Parameter 
values: 


INVITE: P-Early-Media header , SDP audio xxxx RTP/AVP 8 
183 Session Progress: P-Early-Media header 


ISUP Parameter 
values: 


ACM; CPS indicator: no indication, 
ISUP indicator: ISUP is used all the way 
ISDN access indicator: ISDN 
OBCI in-band information: Yes 


Comments: 


SIP SUT ISUP 

INVITE lAM 

1 83 Session Progress ACM (no indication) 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 
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SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1. 4A 


TSS reference: 


SlP-ISUP/Basic call/ Receipt of the Address complete message (ACM)/ 


SIP selection 
criteria: 


PIGS 4/15 AND PICS 2/1 


iSUP selection 
criteria: 




Test purpose: 


Early ACM BCI 'ISDN User Part not used all the way" received. Sending of 183 containing 
a P-Early-Media header 

Ensure that SUT on receipt of an ACM message where the CPS indicator is set to "no 
Indication", the ISUP indicator is set to "ISUP is used not all the way", 
and if the l-MGCF has received the P-Early-Media header in the INVITE request, and has 
not already sent a provisional response including a P-Early-Media header with parameters 
indicating authorization of early media, then the l-MGCF shall: 

• send the 1 83 Session Progress response with P-Early Media and a 

P-Early-Media header authorizing early media. 


SIP Parameter 
values: 


INVITE: P-Early-Media header , SDP audio xxxx RTP/AVP 8 
183 Session Progress: P-Early-Media header 


ISUP Parameter 
values: 


ACM; CPS Indicator: no indication, 

ISUP indicator: ISUP is not used all the way" 

OBCI with the in-band information: Yes 


Comments: 


SIP SUT ISUP 

INVITE ^ ^ lAM 

1 83 Session Progress ACM (no indication) 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE REL 
200 OK BYE «■ «■ RLC 



TP1 04005 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1 .4A 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of the Address complete message (ACM)/ 


SIP selection 
criteria: 


PICS 2/1 AND PICS 4/1 8 


ISUP selection 
criteria: 




Test purpose: 


Early ACM BCI "Terminating access non-ISDN" received. Sending of 183 containing a 
PSTN XML Progresslndicator #2 

Ensure that the SUT, on receipt of an ACM message where the CPS indicator is set to 
"no indication", the ISUP indicator is set to "ISUP is used all the way", the ISDN access 
indicator is set to "non-ISDN", then the l-MGCF shall: 

• send the 183 Session Progress response with PSTN XML Progresslndicator 

body containing the progress descriptions "destination address is non-ISDN (#2)". 


SIP Parameter 
values: 


INVITE: P-Early-Media header , SDP audio xxxx RTP/AVP 8 
183 Session Progress: PSTM XML Progresslndicator 


ISUP Parameter 
values: 


ACM: CPS indicator: no indication, 
ISUP indicator: ISUP is used all the way 
ISDN access indicator: non-ISDN 
OBCI with the in-band information: No 


Comments: 


SIP SUT ISUP 

INVITE ^ ^ lAM 

1 83 Session Progress ACM (no indication) 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 
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SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1. 4A 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of the Address complete message (ACM)/ 


SIP selection 
criteria: 


PIGS 2/1 AND PIGS 4/1 8 


iSUP selection 
criteria: 




Test purpose: 


Early ACM BCi "ISDN User Part not used all the way" received. Sending of 183 containing 
a PSTN XML Progresslndicator #1 

Ensure that the SUT on receipt of an AGM message where the CPS indicator is set to "no 
indication", the ISUP indicator is set to "ISUP not used all the way", then the l-MGGF 
shall: 

• send the 183 Session Progress response PSTN XML body containing the 

progress descriptions "call is not end-to-end ISDN, further call progress 
information is available in-band (#1). 


SIP Parameter 
values: 


INVITE: P-Early-Media header , SDP audio xxxx RTP/AVP 8 

183 Session Progress: P-Early Media and PSTN XIUIL Progresslndicator body containing 
the progress descriptions "call is not end-to-end ISDN, further call progress information is 
available in-band (#1 ) 


ISUP Parameter 
values: 


AGM; CPS indicator: no indication, 

ISUP indicator: ISUP not used all the way 


Comments: 


SIP SUT ISUP 

INVITE ^ ^ lAM 

1 83 Session Progress AGM (no indication) 

200 OK INVITE «■ «■ ANM 
AGK ^ 

Conversation 

BYE REL 
200 OK BYE «■ «■ RLG 



TP1 04007 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1 .4A 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of the Address complete message (AGM)/ 


SIP selection 
criteria: 


PIGS 2/1 AND PIGS 4/1 8 


ISUP selection 
criteria: 




Test purpose: 


Early ACM OBCI "Inband-info available" received. Sending of 183 containing a PSTN XML 
Progresslndicator #8 

Ensure that the SUT on receipt of an AGM message where the CPS indicator is set to "no 
indication", the OBCI is set to "Inband-info available" then the l-MGGF shall: 

• send the 183 Session Progress response PSTN XML body containing the 
progress descriptions " in-band information or an appropriate pattern is now 

available" (#8). 


SIP Parameter 
values: 


INVITE: P-Early-Media header , SDP audio xxxx RTP/AVP 8 

183 Session Progress: P-Early Media and PSTN XML Progresslndicator body containing 
the progress descriptions "in-band information or an appropriate pattern is now available" 
(#8) 


ISUP Parameter 
values: 


AGM; CPS indicator: no indication, 

OBCI: in-band information or an appropriate pattern is now available 


Comments: 


SIP SUT ISUP 

INVITE ^ ^ lAM 

1 83 Session Progress AGM (no indication) 

200 OK INVITE «■ «■ ANM 
AGK ^ 

Conversation 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLG 
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SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1. 4A 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of the Address complete message (ACM)/ 


SIP selection 
criteria: 


PIGS 2/1 AND PIGS 4/1 8 


iSUP selection 
criteria: 




Test purpose: 


Early ACM terminating access ISDN and ATP with PI received. Sending of 183 containing 
a PSTN XML Progresslndicator 

Ensure that the SUT on receipt of an AGM message where the CPS indicator is set to "no 
indication", the ISUP indicator is set to "ISUP used all the way", the ISDN access 
indicator set to "ISDN", the Access Transport Parameter (ATP) containing the progress 
indicator set to PI_VALUE: 

• sends a 1 83 Session Progress message with PSTN XML Progresslndicator set 
to PI VALUE". 


SIP Parameter 

values: 


183 Session Progress message PSTN XML Progresslndicator set to PI_VALUE, 


ISUP Parameter 
values: 


ACM, CPS indicator: no indication (00) 

Called party"s category indicator: no indication(OO) or ordinary subscriber (01) or 
payphone (10) 

interworking indicator: no interworking encountered (0) 
ISUP indicator: ISUP used all the way 
ISDN access indicator: ISDN 
ATP progress indicator: PI VALUE 

access delivery information: Set-up message generated (IF PRESENT) 


Comments: 


SIP SUT ISUP 

INVITE lAM 

1 83 Session Progress AGM (no indication, ATP) 

200 OK INVITE «■ «■ ANM 
ACK 

Conversation 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLG 
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SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1. 4A 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of the Address complete message (ACM)/ 


SIP selection 
criteria: 


PIGS 2/1 AND PIGS 4/1 8 


iSUP selection 
criteria: 




Test purpose: 


Early ACM received, mapping of BCI into PSTN XML Progresslndicator #7 in the sent 183 

Ensure that the BUT on receipt of an ACM message where the CPS indicator is set to "no 
Indication", the interworking indicator 1 set to no interworking encountered, the ISUP 
indicator is set to "ISUP is used all the way", the ISDN access indicator is set to "ISDN" 
and the: 

• send the 1 83 Session Progress response with PSTN XIUIL Progresslndicator the 
progress descriptions "Terminating access ISDN"( #7). 


SIP Parameter 

values: 


183 Session Progress message PSTN XML Progresslndicator set to value #7 


ISUP Parameter 
values: 


ACM: CPS indicator: no indication 

interworking indicator: no interworking encountered 

ISUP indicator: ISUP used all the way 

ISDN access indicator: terminating access ISDN 


Comments: 


SIP SUT ISUP 

INVITE ^ ^ lAM 

1 83 Session Progress ACM (no indication) 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE REL 
200 OK BYE «■ «■ RLG 



TP104010 


SIP reference: RFC 3261 [6] ISUP reference: 

ES 283 027 [1], clause 7.2.3.1.4 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of the Address complete message (ACM)/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


ACM subscriber free received, a 180 is sent 

Ensure that the SUT on receipt of an ACM message where the Called party status 
indicator is set to "subscriber free" where the ISUP indicator parameter set to ISUPJD, the 
ISDN access indicator set to ISDN ACCES ID and the OBCI in-band information set to 
OBCIJNBAND then: 

• the 180 Ringing SIP response is sent. Ensure that the in-band information can be 
transmitted to the calling user. 


SIP Parameter 
values: 




ISUP Parameter 
values: 


ACM FCI: ISUP ID, ISDN ACCESS ID 
OBCI: OBCIJNBAND; 


Comments: 


SIP SUT ISUP 
INVITE lAM 
180 Ringing «■ «■ ACM 

Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLG 
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Table 3 



test purposes 


ISUP Parameter values: 


VA_01 


ACM 

ISUP ID; ISUP not used all the way 
OBCI INBANDino 


VA_02 


ACM 

ISUPJD: ISUP not used all the way 
OBCI_INBAND: yes 


VA_03 


ACM 

ISUP ID: ISUP used all the way 
ISDN_ACCESJD: non ISDN 
OBGI INBAND: no 


VA_04 


ACM 

ISUP ID: ISUP used all the way 
ISDN ACCES ID: non ISDN 
OBCI INBAND: yes 


VA_05 


ACM 

ISUPJD: ISUP used all the way 
ISDN access indicator: ISDN 
OBCIJNBAND: yes 



TP1 04011 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.4 
ETS 300 356-1 [28] clause 2.1.4 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of the Address complete message (ACM)/ 


SIP selection 
criteria: 


PICS 2/1 AND PICS 4/1 8 


ISUP selection 
criteria: 




Test purpose: 


ACM subscriber free received, mappimg of BCI into PSTN XML Progresslndicator #7 in 
tlie sent 180 

Ensure that the SUT on receipt of an ACM message where the CPS Indicator is set to 
"subscriber free", the ISUP Indicator is set to "ISUP is used all the way", the ISDN access 
indicator is set to "ISDN": 

• sends an 180 Ringing response with P-Early Media and PSTN XML 
Progresslndicator "Terminating access ISDN"(#7). 


SIP Parameter 
values: 


180 Ringing response with P-Early Media and PSTN XML Progresslndicator 

"Terminating access ISDN"(#7). 


ISUP Parameter 
values: 


ACM; CPS indicator: subscriber free 
ISUP indicator: ISUP is used all the way, 
ISDN access Indicator: ISDN 


Comments: 


SIP SUT 
INVITE ^ ^ 
180 Ringing «■ «■ 

Ringing tone 

200 OK INVITE «■ «■ 
ACK ^ 

Conversation 

BYE ^ ^ 
200 OK BYE «■ «■ 


ISUP 

lAM 

ACM 

ANM 

REL 
RLC 



ETSI 



45 



ETSI TS 186 009-2 V2.1.1 (2009-03) 



TP104012 


SIP reference: RFC 3261 [6] 


ISUP reference: 






ES 283 027 [1], clause 7.2.3.1.4 






ETS 300 356-1 [28] clause 2.1.4 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of the Address complete message (ACM)/ 


SIP selection 


PICS 2/1 AND PICS 4/18 




criteria: 






ISUP selection 






criteria: 






Test purpose: 


ACM subscriber free and OBCI inband info available received, mappimg into PSTN XML 




Progresslndicator(s) in the sent 180 






Ensure that the SUT, having received the ACM message, where the CPS Indicator is set 




to "subscriber free "where the ISUP indicator parameter set to ISUPJD, the ISDN 




access indicator set to ISDN_ACCES_ID and the OBCI in-band information set to 




OBCIJNBAND: 






• sends an 180 Ringing response with PSTN XML body containing the progress 




descriptions set to PIJD. 




SIP Parameter 


180 Ringing 




uaIi IOC 


P-Early Media and PSTN XML Progresslndicator set to PIJD. 


lO U > I^CIICllllClCI 


ACM; CPS indicator: subscriber free 






ISUP Indicator: ISUPJD 






ISDN access Indicator: ISDN_ACCESJD 




Comments' 


SIP SUT ISUP 




INVITE ^ 


^ lAM 




180 Ringing «■ 


«■ ACM 




Ringing tone 




200 OK INVITE «■ 


«■ ANM 




ACK ^ 






Conversation 




BYE ^ 


^ REL 




200 OK BYE «■ 


«■ RLC 



Values for test purposes TP1 0401 2 


test purposes 


ISUP Parameter values: 


PSTN XML progress descriptions: 


VA_01 


ACM 

ISUP ID: ISUP not used all the way 
OBCI INBAND: no 


PIJD: Call is not end-to-end ISDN (#1) 


VA_02 


ACM 

ISUP ID: ISUP not used all the way 
OBCLINBAND: yes 


PIJD: Call is not end-to-end ISDN (#1) 
and In-band information or appropriate 
pattern now available (#8) 


VA_03 


ACM 

ISUP ID: ISUP used all the way 
ISDN ACCES ID: non ISDN 
OBCI INBAND: no 


PI ID: Destination address is non-ISDN 

(#2) 


VA_04 


ACM 

ISUP ID: ISUP used all the way 
ISDN ACCES ID: non ISDN 
OBCI INBAND: yes 


PIJD: Destination address Is non-ISDN 
(#2) and In-band information or 
appropriate pattern now available (#8) 


VA_05 


ACM 

ISUPJD: ISUP used all the way 
ISDN access indicator: ISDN 
OBCLINBAND: yes 


PIJD: In-band information or 
appropriate pattern now available (#8) 
and Terminating access ISDN"(#7) 
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TP104013 


SIP reference: RFC 3261 [6] ISUP reference: 

bb ^oo u27 [1J, Clause 7.^.0.1.4.1 
ETS 300 356-1 [28] clauses 2.1.4, 2.2 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of the Address complete message (ACM)/ 


SIP selection 
criteria: 


PICS 4/18 


ISUP selection 
criteria: 


PICS 4/19 


Test purpose: 


ACM received containing a TMU parameter and ATP received, mapping into PSTN XML 
Progresslndicators in the 180 

Ensure that the SUT on receipt of an ACM message where the CPS indicator is set to 
"subscriber free", the ISUP indicator is set to "ISUP is used all the way", the ISDN access 
indicator is set to "ISDN" and the Transmission Medium Used (TMU) is included with the 
value ISDN BC VALUE and the Access Transport Parameter (ATP) set to 
ATP_VALUE: 

• sends an 1 80 Ringing message with a PSTN XML BearerCapablllty encoded 
BC_VALUE and with PSTN XML Progressindlcator body containing the progress 
descriptions "Terminating access ISDN"(#7). 


SIP Parameter 
values: 


INVITE; 

PSTN XML first Bearer Capability: INVITE BC1 
PSTN XML second Bearer Capability: INVITE _BC2 

180 Ringing PSTN XML BC: BC_VALUE 


ISUP Parameter 
values: 


ACM; CPS indicator: subscriber free, 
ISUP indicator: ISUP is used all the way 
ISDN access indicator: ISDN 
TMU: TMU VALUE 
ATP: BC ATP VALUE 


Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 
180 Ringing ACM 

Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE REL 
200 OK BYE «■ «■ RLC 
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Values and selection criteria for test purpose TP104013 


Test 
purposes 


ACM Parameter values 


180 Ringing Parameter 
values: 


INVITE parameter value 


VA_01 


TMU VALUE: speech 
ATP_VALUE: no BC 


PSTN XML 
BC_VALUE: speech 


PSTN XML 

INVITE BC1 : speech 

INVITE BC2: unrestricted digital 

information with tones and 

announcements 


VA_02 


TMU VALUE: 3,1 kHz 
ATP_VALUE: no BC 


PSTN XML: 
BC_VALUE: 3,1 kHz 
audio 


PSTN XML 

INVITE BC1:3,1 kHz audio 
INVITE BC2: unrestricted digital 
information with tones and 
announcements 


VA_03 


TMU VALUE: speech 
ATP_VALUE: BC = 3,1 kHz 
audio 


PSTN XML 
BG_VALUE: 3,1 kHz 
audio 


PSTN XML 

INVITE BC1:3,1 kHz audio 
INVITE BC2: unrestricted digital 
information with tones and 
announcements 


VA_04 


TMU VALUE: speech 
ATP_VALUE: BC = speech 


PSTN XML 
BC_VALUE: speech 


PSTN XML 

INVITE BC1 : speech 

INVITE BC2: unrestricted digital 

information with tones and 

announcements 


VA_05 


TMU VALUE: 3,1 kHz 
ATP_VALUE: BC = speech 


PSTN XML 
BC_VALUE: speech 


PSTN XML 

INVITE BC1 : speech 

INVITE BC2: unrestricted digital 

information with tones and 

announcements 


VA_06 


TMU VALUE: 3,1 kHz audio 
ATP_VALUE: BC = 3,1 kHz 
audio 


PSTN XML 
BC_VALUE: 3,1 kHz 
audio 


PSTN XML 

INVITE BC1:3,1 kHz audio 
INVITE BC2: unrestricted digital 
information with tones and 
announcements 
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TP104014 


SIP reference: RFC 3261 [6] ISUP reference: 

bb ^oo u27 [1J, Clause 7.^.0.1.4.1 
ETS 300 356-1 [28] clause 2.1.4 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of the Address complete message (ACM)/ 


SIP selection 
criteria: 


PICS 4/18 


ISUP selection 
criteria: 


PICS 4/19 


Test purpose: 


Fallback occurs In the early ACM mapping of TMU parameter and BC In ATP Into 183 
PSTN XML Progresslndlcators 

Ensure that the SUT on receipt of an ACM message where the CPS indicator is set to "no 
Indication", the ISUP indicator is set to "ISUP is used all the way", the ISDN access 
indicator is set to "ISDN" and the Transmission Medium Used (TMU) is included with the 
value TMU VALUE and theBC in the Access Transport Parameter (ATP) set to 
ATP_VALUE: 

• sends a 1 83 Session Progress message and with the PSTN XML 
BearerCapablllty encoded ISDN_BC_VALUE and with PSTN XML 
Progressindlcator body containing the progress descriptions "Terminating access 
ISDN"(#7)- 


SIP Parameter 
values: 


INVITE; 

PSTN XML first Bearer Capability: INVITE _BC1 

PSTN XML second Bearer Capability: INVITE _BC2 

183 Session Progress; PSTN XML BearerCapablllty: ISDN_BC_VALUE 


ISUP Parameter 
values: 


ACM; CPS indicator: no indication, 
ISUP indicator: ISUP is used all the way 
ISDN access indicator: ISDN 
TMU: TMU VALUE 
ATP: BC ATP VALUE 


Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 
1 83 Session Progress ACM 
180Rinalna ^ ^ CPG 

1 1 III i^ii ly ^ ^ >«-^ 

Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE REL 
200 OK BYE «■ «■ RLC 



ETSI 



49 



ETSI TS 186 009-2 V2.1.1 (2009-03) 



Values and selection criteria for test purpose TP104014 


Test 
purposes 


ACM Parameter values 


183 Session Progress 
Parameter values: 


INVITE parameter value 


VA_01 


TMU VALUE: speech 
ATP_VALUE: no BC 


PSTN XML BC_VALUE: 
speech 


INVITE BC1: speech 
INVITE_BC2: unrestricted digital 
information with tones and 
announcements 


VA_02 


TMU VALUE: 3,1 kHz 
ATP_VALUE: no BC 


PSTN XML BC_VALUE: 
3,1 kHz audio 


INVITE BC1: 3,1 kHz audio 
INVITE_BC2: unrestricted digital 
information with tones and 
announcements 


VA_03 


TMU VALUE: speech 
ATP_VALUE: BC = 3,1 kHz 


PSTN XML BC_VALUE: 
3,1 kHz audio 


INVITE BC1:3,1 kHz audio 
INVITE_BC2: unrestricted digital 
information with tones and 
announcements 


VA_04 


TMU VALUE: speech 
ATP_VALUE: BC = speech 


PSTN XML BC_VALUE: 
speech 


INVITE_BC1 : speech 
INVITE_BC2: unrestricted digital 
information with tones and 
announcements 


VA_05 


TMU VALUE: 3,1 kHz 
ATP_VALUE: BC = speech 


PSTN XML BC_VALUE: 
speech 


INVITE BC1: speech 
INVITE_BC2: unrestricted digital 
information with tones and 
announcements 


VA_06 


TMU VALUE: 3,1 kHz audio 
ATP_VALUE: BC = 3,1 kHz 
audio 


PSTN XML BC_VALUE: 
3,1 kHz audio 


INVITE_BC1:3,1 kHz audio 
INVITE_BC2: unrestricted digital 
information with tones and 
announcements 
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TP104015 


SIP reference: RFC 3261 [6] ISUP reference: 

Lb Zo-i u^7 [1J, Clause 7.2.0.1. 4A 
ETS 300 356-1 [28] clause 2.1.4 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of the Address complete message (ACM)/ 


SIP selection 
criteria: 


PICS 4/18 


ISUP selection 
criteria: 


PICS 4/19 


Test purpose: 


Fallback occurs In the early ACM mapping of HLC and BC In ATP into 183 PSTN XML 
Progresslndlcators 

Ensure that the SUT on receipt of an ACM message where the CPS Indicator is set to "no 
indication", the ISUP indicator is set to "ISUP is used all the way", the ISDN access 
indicator is set to "ISDN" and containing an Access Transport Parameter (ATP) including 
a High Layer Compatibility (HLC) and containing the progress indicator #5: 
"interworking has occurred and has resulted in a telecommunication service change": 

• sends a 183 Session Progress message with PSTN XML Progresslndlcator with 
the progress indication "interworking has occurred and has resulted in a 
telecommunication service change" (#5) "Terminating access ISDN"(#7) and with 
the PSTN XML HighLayerCapability. 


SIP Parameter 
values: 


INVITE: HLC: HLC_VALUE1 (PIXIT), HLC_VALUE2 (PIXIT) 

180 Session Progress; PSTN XML Progresslndlcator: interworking has occurred and has 
resulted in a telecommunication service change (#5) 
PSTN XML HighLayerCapability: HLC_VALUE2 (PIXIT) 


ISUP Parameter 
values: 


ACM; CPS indicator: no indication, 
ISUP Indicator: ISUP is used all the way 
ISDN access indicator: ISDN 

ATP: progress Indicator: interworking has occurred and has resulted in a 
telecommunication service change (#5) 
HLC: HLC_VALUE2 (PIXIT) 


Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 
1 83 Session Progress ACM 
180Rinalna ^ ^ CPG 

1 1 ill lull lU ^ ^ 

Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE ^ REL 
200 OK BYE «■ «■ RLC 
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TP104016 



SIP reference: RFC 3261 [6] 



ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.4 
ETS 300 356-1 [28] clause 2.1 .4 



TSS reference: 



SIP-ISUP/Basic call/ Receipt of the Address complete message (ACM)/ 



SIP selection 
criteria: 



PICS 4/18 



ISUP selection 
criteria: 



PICS 4/19 



Test purpose: 



ACM received, mapping of ATP HLC and PI #5 into 180 PSTN XML Progresslndicators 



Ensure that the SUT on receipt of an ACM message where the CPS indicator is set to 
"subscriber free", the ISUP Indicator is set to "ISUP is used all the way", the ISDN access 
indicator Is set to "ISDN" and containing an Access Transport Parameter (ATP) including 
a High Layer Compatibility (HLC) and containing the progress indicator #5: 
"interworking has occurred and has resulted in a telecommunication service change": 



sends an 180 Ringing message with PSTN XML Progresslndlcator with the 
progress Indication "interworking has occurred and has resulted in a 
telecommunication service change" (#5) "Terminating access ISDN"(#7) and with 
the PSTN XML HighLayerCapability. 



SIP Parameter 
values: 



INVITE: PSTN XML HighLayerCapability: HLC_VALUE1 (PIXIT), HLC_VALUE2 (PIXIT) 
180 Ringing; 

PSTN XML Progresslndlcator: Interworking has occurred and has resulted in a 
telecommunication service change (#5) 

PSTN XML HighLayerCapability.: HLC_VALUE2 (PIXIT) 



ISUP Parameter 
values: 



ACM; CPS indicator: subscriber free, 
ISUP Indicator: ISUP is used all the way 
ISDN access indicator: ISDN 

ATP: progress Indicator: interworking has occurred and has resulted in a 
telecommunication service change (#5) 

HLC: HLC_VALUE2 (PIXIT) 



Comments: 



SIP 




INVITE 




180 Ringing 




200 OK INVITE 




ACK 




BYE 




200 OK BYE 





SUT 
Ringing tone 
Conversation 



ISUP 

lAM 

ACM 

ANM 



REL 
RLC 
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TP104017 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.4 
ETS 300 356-1 [28] clause 2.1.4 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of the Address complete message (ACM)/ 


SIP selection 
criteria: 


PICS 4/15 AND PICS 4/18 


ISUP selection 
criteria: 




Test purpose: 


ACM free terminating access ISDN received. Sending of 180 containing a P-Early-t\^edia 
header 

Ensure that SUT on receipt of an ACM message where the CPS Indicator is set to 

"subscriber free" and if the l-MGCF has received the P-Early-Media header in the INVITE 
request, and has not already sent a provisional response including a P-Early-Media header 
with parameters indicating authorization of early media, then the l-MGCF shall: 

• send the 1 80 Ringing response with a P-Early-Media header authorizing early 

media 


SIP Parameter 
values: 


INVITE: P-Early-Media header , SDP audio xxxx RTP/AVP 8 
180 Ringing: P-Early-Media header 


ISUP Parameter 
values: 


ACM; CPS indicator: free, 


Comments: 


SIP SUT 
INVITE ^ ^ 
180 Ringing «■ «■ 

Ringing tone 

200 OK INVITE «■ «■ 
ACK ^ 

Conversation 

BYE 

200 OK BYE «■ «■ 


ISUP 

lAM 

ACM 

ANM 

REL 
RLC 



TP104018 


SIP reference: RFC 3261 [6] 


ISUP reference: 






ES 283 027 [1], clause 7.2.3.1.4 






ETS 300 356-1 [28] clause 2.1.4 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of the Address complete message (ACM)/ 


SIP selection 


PICS 4/18 




criteria: 






ISUP selection 






criteria: 






Test purpose: 


>4C/W free received contains an ATP conveying ttie LLC, mapping into thie PSTN XML LLC 




in the sent 180 






Ensure that the SUT on receipt of an ACM message containing the LLC parameter in the 




ATP set to LLC_VALUE: 






• sends 180 response with a PSTN XML LowLayerCompatlblllty information 




element set to LLC VALUE 




SIP Parameter 


180: PSTN XML LowLayerCompatlblllty: LLC_VALUE (PIXIT) 


values: 






ISUP Parameter 


ACM; ATP LLC: LLC_VALUE 




values: 






Comments: 


SIP SUT ISUP 




INVITE ^ 


^ lAM 




180 Ringing «■ 


«■ ACM 




Ringing tone 




200 OK INVITE «■ 


«■ ANM 




ACK ^ 






Conversation 




BYE ^ 


^ REL 




200 OK BYE «■ 


«■ RLC 
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TP104019 


SIP reference: RFC 3261 [6] 






ISUP reference: 










ES 283 027 [1], clause 7.2.3.1.4 










ETS 300 356-1 [28] clause 2.1.4 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of the Address complete message (ACM)/ 


SIP selection 


PICS 4/18 










criteria: 












ISUP selection 












criteria: 












Test purpose: 


ACM no indication received contains an ATP conveying the LLC, mapping into ttie PSTN 




XML LLC in the sent 183 












Ensure that the SUT on receipt of an ACM message containing the LLC parameter in the 




ATP set to LLC_VALUE: 












• sends 183 Session Progress response with a PSTN XML 




LowLayerCompatiblllty information element set to LLC VALUE 


Oil rdlClllldCi 


180: PSTN XML LowLayerCompatiblllty: LLC_VALUE (PIXIT) 


V ai ■ 












ISUP Parameter 


ACM; ATP LLC: LLC_VALUE 










veil uco ■ 












^^Vl 1 II 1 Iwl 1 ■ 


SIP 




SUT 


ISUP 




INVITE 








lAM 




1 83 Session Progress 








ACM 




180 Ringing 


«■ 




«■ 


CPG 








Ringing tone 






200 OK INVITE 


«■ 




«■ 


ANM 




ACK 
















Conversation 






BYE 








REL 




200 OK BYE 








PLC 



6.2.1 .5 Receipt of the Call progress message (CPG) 



TP1 05001 


SIP reference: RFC 3261 [6] ISUP reference: 

ES 283 027 [1], clause 7.2.3.1.4 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of the Call progress message (CPG). 


SIP selection 
criteria: 


NOT PICS 4/1 5 


ISUP selection 
criteria: 




Test purpose: 


CPG Alerting is mapped into a 180 ringing 

Ensure that the SUT, having received the ACM message called party status indicator "no 
indication", on receipt of a CPG message where the event information parameter event 
Indicator is set to "Alerting": 

• the 1 80 Ringing SIP response is sent. 


SIP Parameter 
values: 




ISUP Parameter 
values: 


ACM: Called party status "no indication" 

CPG; event Information parameter event indicator: Alerting 


Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 

^ ACM (no indication) 

180 Ringing «■ «■ CPG (Alerting) 

Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE REL 
200 OK BYE «■ «■ RLC 
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TPlUOUOZ 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.4 


TSS reference: 


SlP-ISUP/Basic call/ Receipt of the Call progress message (CFG). 


SIP selection 
criteria: 


NOT PIGS 4/1 5 


ISUP selection 
criteria: 




Test purpose: 


CPG Progress is not interworked 






Ensure that the SUT, having received the ACM message called party status indicator "no 
indication", on receipt of a CPG message where the event Information parameter event 
Indicator is set to "Progress": 




• the CPG is not interworl<ed. 




SIP Parameter 
values: 




ISUP Parameter 
values: 


ACIVI: Called party status "no indication" 

CPG; event Information parameter event Indicator: Progress 


Comments: 


SIP SUT ISUP 
INVITE lAM 

ACM (no indication) 






«■ CPG (Progress) 




200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 



TP1 05003 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.4 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of the Call progress message (CPG). 


SIP selection 

criteria: 


NOT PICS 4/15 


ISUP selection 
criteria: 




Test purpose: 


CPG "in-band information or an appropriate pattern is now avaiiable" is not intenA/orked 

Ensure that the SUT, having received the ACM message called party status indicator "no 
indication", on receipt of a CPG message where the event Information parameter event 
Indicator is set to "in-band information or an appropriate pattern is now available": 




• the CPG is not intenworked. 




SIP Parameter 
values: 




ISUP Parameter 
values: 


ACM: Called party status "no indication" 

CPG; event information parameter event indicator: in-band-information or an appropriate 
pattern is now available 


Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 

ACM (no indication) 






«■ CPG (Inband info) 




200 OK INVITE «■ «■ ANM 
ACK 

Conversation 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 
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1 r1U5UU4 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1. 4A 


TSS reference: 


SlP-ISUP/Basic call/ Receipt of the Call progress message (CFG). 


SIP selection 
criteria: 


PIGS 4/15 


ISUP selection 
criteria: 




Test purpose: 


CPG "in-band information or an appropriate pattern is now available" is intenvorked, a P- 
Early-Media tieader is sent 

Ensure that the BUT, having received the ACM message called party status indicator "no 
indication", on receipt of a CPG message where the event Information parameter event 
Indicator is set to "in-band information or an appropriate pattern is now available": 

• a 1 83 Session Progress is sent containing the P-Early-Media Header. 


SIP Parameter 
values: 


183 Session Progress: P-Early-iVledia Header 


ISUP Parameter 
values: 


ACIVI: Galled party status "no indication" 

GPG; event information parameter event indicator: in-band-information or an appropriate 
pattern is now available 


Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 

^ ACM (no indication) 

1 83 Session Progress «■ «■ CPG (Inband info) 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 



TP1 05005 


SIP reference: RFC 3261 [6] ISUP reference: 

ES 283 027 [1], clause 7.2.3.1.4 
ETS 300 356-1 [28] clause 2.1.4 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of the Call progress message (CPG). 


SIP selection 
criteria: 


PICS 4/15 AND PICS 4/18 


ISUP selection 
criteria: 




Test purpose: 


CPG Alerting received, 180 containing a P-Early-IVIedia fieader is sent 

Ensure that the SUT, having received the ACM message, on receipt of a CPG message 
where the event Information parameter event Indicator is set to "Alerting" without BCI 
included: 

• sends an 180 Ringing response with P-Early Media 


SIP Parameter 
values: 


180 Ringing PSTN XML Progresslndlcator PI_ID, P-Early-Media 


ISUP Parameter 
values: 


CPG; event Information parameter event Indicator: Alerting 


Comments: 


SIP SUT ISUP 

INVITE lAM 

183 Session Progress ACM (no indication) 

180 Ringing «■ «■ CPG (Alerting) 

Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE ^ REL 
200 OK BYE «■ «■ RLC 
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TP1 05006 


SIP reference: RFC 3261 [6] ISUP reference: 

bb Zo-i u^7 [1J, Clause 7.2.0.1.4 
ETS 300 356-1 [28] clause 2.1.4 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of the Call progress message (CPG). 


SIP selection 
criteria: 


PICS 4/18 


ISUP selection 
criteria: 




Test purpose: 


CPG Alerting contains an ATP with Progress Indicator 

Ensure that SUT having received the ACM message, on receipt of a CPG message where 
the event Information parameter event Indicator Is set to "Alerting" and the ATP 
containing the progress indicator PI VALUE: 

• sends an 180 Ringing response with PSTN XML body containing containing PSTN 
XML Progresslndlcatorsetto PI VALUE. 


SIP Parameter 
values: 


180 Ringing PSTN XML progress Indicator PIJD 


ISUP Parameter 
values: 


CPG; event Information parameter event Indicator: Alerting 


Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 

<■ ACM (no Indication) 

180Rinaina CPG CAIertina^ 

1 1 111 l^ll ly ^ ^ ^^1 >-.i l#llvl III 1^/ 

Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 



TP1 05007 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.4 
ETS 300 356-1 [28] clause 2.1 .4 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of the Call progress message (CPG). 


SIP selection 
criteria: 


PICS 4/18 


ISUP selection 
criteria: 




Test purpose: 


CPG Alerting containing a BCI and OBCI, mapping into PSTN XML instance 

Ensure that the SUT having received the ACM message, on receipt of a CPG message 
where the event information parameter event indicator is set to " Alerting "the ISUP 
indicator parameter set to ISUPJD, the ISDN access indicator set to iSDN_ACCESJD 
and the OBCI in-band information set to OBCI_INBAND: 

• sends an 180 Ringing response with P-Early Media and PSTN XML body containing 
with the progress indicator information element set to PIJD. 


SIP Parameter 
values: 


180 Ringing PSTN XML progress Indicator PIJD 


ISUP Parameter 

values: 


CPG; event Information parameter event Indicator: Alerting 


Comments: 


SIP 

INVITE ^ 


SUT 

«■ 


ISUP 
lAM 

ACM (no indication) 




180 Ringing «■ 

200 OK INVITE «■ 
ACK ^ 

BYE ^ 
200 OK BYE «■ 


«■ 

Ringing tone 

«■ 

Conversation 


CPG (Alerting) 
ANM 

REL 
RLC 
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Values for test purposes TP1 05007 


test purposes 


ISUP Parameter values: 


PSTN XML progress descriptions: 


VA_01 


CPG 

ISUP ID: ISUP not used all the way 


PIJD: Call is not end-to-end ISDN (#1) 


VA_02 


CPG 

ISUP ID: ISUP used all the way 
ISDN ACCESJD: non ISDN 
OBCI INBAND:no 


PI ID: Destination address is non-ISDN 
(#2) 


VA_03 


CPG 

ISUP ID: ISUP used all the way 
ISDN_ACCESJD: non ISDN 
OBCI INBAND: yes 


PIJD: Destination address is non-ISDN 
(#2) and In-band information or 
appropriate pattern now available (#8) 


VA_04 


CPG 

ISUPJD: ISUP used all the way 
ISDN access indicator: ISDN 


PI 1 D : (" Terminating access 
ISDN"(#7))0- 


VA_05 


CPG 

ISUPJD: ISUP used all the way 
ISDN access indicator: ISDN 
OBCIJNBAND: yes 


PIJD: In-band information or 
appropriate pattern now available (#8) 
and {"Terminating access ISDN"(#7)) 



TP1 05008 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1 .4A 
ETS 300 356-1 [28] clause 2.1 .4 


TSS reference: 


SlP-ISUP/Basic call/ Receipt of the Call progress message (CPG). 


SIP selection 
criteria: 


PICS 4/18 


ISUP selection 
criteria: 




Test purpose: 


CPG Progress containing a BCI and OBCI, mapping into PSTN XML instance 

Ensure that the SUT, having received the ACM message, on receipt of a CPG message 
where the event Information parameter event indicator is set to "Progress "and the ISUP 
Indicator parameter set to ISUPJD, the ISDN access Indicator set to ISDN_ACCESSJD 
and the OBCI in-band information set to OBCI_INBAND: 

• sends a 1 83 Session Progress with PSTN XML body containing the progress 
Indicator set to PI ID. 


SIP Parameter 

values: 


183 Session Progress PSTN XML progress Indicator PIJD 


ISUP Parameter 
values: 


CPG; event information parameter event indicator: Progress 

ISUP indicator: CPGJSUPJD 

ISDN access indicator: CPG ISDN ACCESS ID 


Comments: 


SIP SUT 

INVITE ^ ^ 

183 Session Progress 


ISUP 
lAM 

ACM (no indication) 




1 83 Session Progress 

Ringing tone 

200 OK INVITE «■ «■ 

ACK 

Conversation 

BYE ^ ^ 
200 OK BYE «■ «■ 


CPG (Progress) 
ANM 

REL 
RLC 
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Values for test purposes TP1 05008 


Test purposes 


ISUP Parameter values: 


ISDN Parameter values: 


VA_01 


CPG 

CFG ISUP ID: ISUP not used all the way 


PIJD: Call is not end-to-end ISDN (#1) 


VA_02 


CPG 


PI ID: Destination address is non-ISDN 




CPG ISUP ID: ISUP used all the way 
CPG ISDN ACCES ID: non ISDN 


(#2) 


VA_03 


CPG 


PIJD: 




CPGJSUPJD: ISUP used all the way 
CPG ISDN access indicator: ISDN 


(" Terminating access ISDN"(#7). 



TP1 05009 


SIP reference: RFC 3261 [6] ISUP reference: 

ES 283 027 [1], clause 7.2.3.1 .4A 
ETS 300 356-1 [28] clause 2.1.4 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of the Call progress message (CPG). 


SIP selection 

criteria: 


PICS 4/15 AND PICS 4/18 


ISUP selection 
criteria: 




Test purpose: 


CPG In-band information or an appropriate pattern is now avaiiabie containing a BCI and 
OBCI, mapping into PSTN XML instance and P-Eariy-Media header 

Ensure that the SUT, having received the ACM message, on receipt of a CPG message 
where the event information parameter event indicator is set to "In-band information or 
an appropriate pattern is now available", the ISUP indicator set to CPG_ISUP_ID and the 
ISDN access indicator set to CPG_ISDN_ACCESS_ID 

and if the l-MGCF has received the P-Early-Media header in the INVITE request, then the 1- 
MGCF shall: 

• send a 183 Session Progress with P-Early IVledia and PSTN XML body containing 
the Progresslndicator set to PIJD. 


SIP Parameter 
values: 


183 Session Progress with P-Early Media and PSTN XML Progresslndicator: PI_ID 


ISUP Parameter 
values: 


CPG; event information parameter event Indicator: In-band information or an appropriate 

pattern is now available 

ISUP indicator: CPG ISUP ID 

ISDN access indicator: CPG ISDN ACCES ID 


Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 

ACM (no indication) 

1 83 Session Progress «■ «■ CPG (In-band info) 

Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 



Values for test purposes TP1 05009 


test purposes 


ISUP Parameter values: 


ISDN Parameter values: 


VA_01 


CPG 

CPG ISUP ID: ISUP used all the way 
CPG_ISDN_ACCESJD: ISDN 


PI_ID: In-band information or 
appropriate pattern now available (#8) 
and "Terminating access ISDN" (#7). 


VA_02 


CPG 

CPG ISUP ID: ISUP used all the way 
CPGJSDN_ACCESJD: non-ISDN 


PI_ID: In-band information or 

appropriate pattern now available (#8) 
and Destination address is non-ISDN 
(#2) 


VA_03 


CPG 

CPG_ISUPJD: ISUP not used all the way 


PI_ID: In-band information or 
appropriate pattern now available (#8) 
and Call is not end-to-end ISDN (#1) 
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TP1 05010 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.2.1.4.1 
ETS 300 356-1 [28] clause 2.1.4 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of the Call progress message (CPG). 


SIP selection 
criteria: 


PICS 4/18 


ISUP selection 
criteria: 


PICS 4/19 


Test purpose: 


Fallback procedure: CPG Alerting received, mapping of TMU and BC in the included ATP 
into 180 

Ensure that the SUT, having received the ACM message, on receipt of a CPG message 
where the event information parameter event indicator is set to " Alerting "and the 
Transmission medium used is included with the value TI\/IU_VALUE and the Access 
Transport Parameter is set to ATP_VALUE: 

• sends an 1 80 Ringing message with the PSTN XML BearerCapability encoded 
ISDN BC VALUE. 


SIP Parameter 
values: 


INVITE; 

first Bearer Capability: INVITE_BC1 
second Bearer Capability: INVITE_BC2 
180 Ringing; 

PSTN XML BearerCapability: ISDN_TMU_VALUE 


ISUP Parameter 
values: 


CPG; event information parameter event indicator: Alerting 
TMU: TMU VALUE 
ATP: BC ATP VALUE 


Comments: 


SIP 

INVITE 


SUT 


«■ 


ISUP 
lAM 

ACM (no indication) 




180 Ringing 

200 OK INVITE 

ACK 

BYE 

200 OK BYE 


«■ 

Ringing tone 

«■ 

Conversation 


«■ 
«■ 

^ 


CPG (Alerting) 
ANM 

REL 
RLC 
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oir reterence: Kro 0^01 [oj loUr reterence: 

ES 283 027 [1], clause 7.2.3.2.1.4.1 


TSS reference: 


SlP-ISUP/Basic call/ Receipt of the Call progress message (CFG). 


SIP selection 
criteria: 


PICS 4/18 


ISUP selection 
criteria: 


PICS 4/19 


Test purpose: 


Fallback procedure: CPG Progress received, mapping of TMU and BC in the included ATP 
into a 183 

Ensure that the SUT, having received the ACM message, on receipt of a CPG message 
where the event Information parameter event Indicator is set to "Progress" and the 
Transmission medium requirement is included with the value TMU_VALUE and the 
Access Transport Parameter is set to ATP VALUE: 

• sends a 183 Session Progress message with the PSTN XIVIL BearerCapability 

encoded ISDN BC VALUE. 


SIP Parameter 
values: 


INVITE; 

first BearerCapability: INVITE_BC1 
second BearerCapability: INVITE_BC2 
180 Session Progress; 

PSTN XML BearerCapability: ISDN_BC_VALUE 


ISUP Parameter 
values: 


CPG; event Information parameter event Indicator: Progress 
TMU: TMU VALUE 
ATP: BC: ATP_VALUE 


Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 

ACM (no indication) 

1 83 Session Progress ^ ^ CPG (Progress) 

Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 



Values and selection criteria for test purposes TP1 05010 TP1 05011 


Test 
purposes 


ACM Parameter values 


180 Ringing Parameter 
values: 


INVITE parameter value 


VA_01 


TMU VALUE: speech 
ATP_VALUE: no BC 


ISDN_BC_VALUE: speech 


INVITE BC1: speech 
INVITE_BC2: unrestricted digital 
information with tones and 
announcements 


VA_02 


TMU VALUE: 3,1 kHz 
ATP_VALUE: no BC 


ISDN_BC_VALUE:3,1 kHz 
audio 


INVITE BC1:3,1 kHz audio 
INVITE_BC2: unrestricted digital 
information with tones and 
announcements 


VA_03 


TMU VALUE: speech 
ATP_VALUE: BC = 3,1 kHz 


ISDN_BC_VALUE: 3,1 kHz 
audio 


INVITE_BC1: 3,1 kHz audio 
INVITE_BC2: unrestricted digital 
information with tones and 
announcements 


VA_04 


TMU VALUE: speech 
ATP_VALUE: BC = speech 


ISDN_BC_VALUE: speech 


INVITE BC1: speech 
INVITE_BC2: unrestricted digital 
information with tones and 
announcements 


VA_05 


TMU VALUE: 3,1 kHz 
ATP_VALUE: BC = speech 


ISDN_BC_VALUE: speech 


INVITE BC1: speech 
INVITE_BC2: unrestricted digital 
information with tones and 
announcements 


VA_06 


TMU VALUE: 3,1 kHz audio 
ATP_VALUE: BC = 3,1 kHz 
audio 


ISDN_BC_VALUE: 3,1 kHz 
audio 


INVITE BC1:3,1 kHz audio 
INVITE_BC2: unrestricted digital 
information with tones and 
announcements 
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1 r1U5U1^ 


oir reterence: Kro 0^01 [oj loUr reterence: 

ES 283 027 [1], clause 7.2.3.2.1.4.1 


TSS reference: 


SlP-ISUP/Basic call/ Receipt of the Call progress message (CPG). 


SIP selection 
criteria: 


PICS 4/18 


ISUP selection 
criteria: 




Test purpose: 


CPG Alerting received, sending of received PI #5 and HLC in an ATP into a PSTN XML PI 
and HLC in tiie 180 

Ensure that the SUT, having received the ACM message, on receipt of a CPG message 
where the event information parameter event indicator is set to " Alerting "and containing 
an Access Transport Parameter including a High Layer Compatibility (HLC) and 
containing the progress indicator #5: "interworking has occurred and has resulted in a 
telecommunication service change": 

• sends an 1 80 Ringing message with a PSTN XML Progresslndicator with the 
progress indication "interworking has occurred and has resulted in a 
telecommunication service change" (#5) and with the PSTN XML 
HighLayerCapability. 


SIP Parameter 
values: 


INVITE: 

PSTN XML HighLayerCompatibility: HLC_VALUE1 (PIXIT), HLC_VALUE2 (PIXIT) 
180 Ringing; 

PSTN XML Progresslndicator: interworking has occurred and has resulted in a 

telecommunication service change (#5) 

PSTN XML HighLayerCapability: HLC_VALUE2 (PIXIT) 


ISUP Parameter 
values: 


CPG; event information parameter event indicator: Alerting 

progress indicator: interworking has occurred and has resulted in a telecommunication 

service change (#5) 

HLC: HLC_VALUE2 (PIXIT) 


Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 

^ ACM (no indication) 

ISORinaina ^ ^ CPG /Alertina^ 

1 vy 1 ill lull lu ^ ^ \#^i^i III lu/ 

Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 
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TPlUOUlo 


oir reterence: Kro 0^01 [oj loUr reterence: 

ES 283 027 [1], clause 7.2.3.2.1. 4A 


TSS reference: 


SlP-ISUP/Basic call/ Receipt of the Call progress message (CPG). 


SIP selection 
criteria: 


PICS 4/18 


ISUP selection 
criteria: 




Test purpose: 


CPG Progress received, sending of received PI #5 and HLC in an ATP in a PSTN XML PI 
and HLC in tiie 183 

Ensure that the SUT, having received the ACM message, on receipt of a CPG message 
where the event information parameter event indicator is set to "Progress "and 
containing an Access Transport Parameter (ATP) including a High Layer Compatibility 
(HLC) and containing the progress indicator #5: "interworking has occurred and has 
resulted in a telecommunication service change": 

• sends an 183 Session Progress message with a PSTN XML Progresslndicator with 
the progress indication "interworking has occurred and has resulted in a 
telecommunication service change" (#5) and with the PSTN XML 
HighLayerCapability. 


SIP Parameter 
values: 


INVITE: PSTN XIWL HighLayerCapability: HLC_VALUE1 (PiXIT), HLC_VALUE2 (PIXIT) 
183 Session Progress; PSTN XML Progresslndicator: interworking has occurred and has 
resulted in a telecommunication service change (#5) 
PSTN XIUIL HighLayerCapability: HLC_VALUE2 (PIXIT) 


ISUP Parameter 
values: 


CPG; event information parameter event indicator: Progress 

ATP: progress indicator: interworking has occurred and has resulted in a 

telecommunication service change (#5)High Layer Capability: HLC_VALUE2 (PIXIT) 


Comments: 


SIP SUT ISUP 
INVITE lAM 

<■ ACM (no indication) 

1 83 Session Proaress ^ ^ CPG fProaress^ 

Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE REL 
200 OK BYE «■ «■ RLC 
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1 r1U5U14 


oir reterence: Kro 0^01 [oj loUr reterence: 

ES 283 027 [1], clause 7.2.3.2.1. 4A 


TSS reference: 


SlP-ISUP/Basic call/ Receipt of the Call progress message (CPG). 


SIP selection 
criteria: 


PICS 4/18 


ISUP selection 
criteria: 




Test purpose: 


CPG Progress containing ATP PI, mapping into PSTN XML Progresslndicator in the sent 
183 

Ensure that the SUT having received the ACM message, on receipt of a CPG message 
where the event Information parameter event Indicator is set to "Progress", the ATP 
contains the progress indicator set to PI-VALUE, the BCI ISUP indicator parameter set to 
ISUP used all the way and the BCI ISDN access indicator set to ISDN: 

• sends a 183 Session Progress message with the PSTN XIVIL Progresslndicator 

information element set to PI ID. 


SIP Parameter 
values: 


183 Session Progress; PSTN XML Progresslndicator: PI_ID and "Terminating access 

ISDIV'{#7) 


ISUP Parameter 
values: 


ACM; BCI ISUP indicator: ISUP used all the way 

BCI ISDN access indicator: non ISDN 

CPG; event Information parameter event Indicator: Progress 

BCI ISUP Indicator: ISUP used all the way 

BCI ISDN access Indicator: ISDN 

ATP Progress Indicator value PI ID 


Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 

ACM (no indication) 

1 83 Spssion Proarpss ^ ^ CPG ^Proares<;^ 

Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 




Values and additional selection criteria for test purpose TP105014 


VA 01 


PLVALUE = Call is not end-to-end ISDN (#1) 


VA 02 


PI_VALUE = Destination address is non-ISDN (#2) 
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6.2.1 .6 Receipt of the Answer message (ANM) 



TP1 06001 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.5 
ETS 300 356-1 [28] clause 2.1.7 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of the Answer message (ANM). 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


ANM received, a 200 OK INVITE is sent 

Ensure that the SUT, having received the ACM message Galled party status indicater set to 
"subscriber free", on receipt of an ANM message: 

• sends a 200 OK INVITE to the UAC. 


SIP Parameter 
values: 




ISUP Parameter 
values: 




^^Wl llllldl &w . 


SIP SUT ISUP 
INVITE ^ ^ lAM 
180 Ringing «■ «■ ACM (free) 

Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK 

Conversation 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 



TP1 06002 


SIP reference: RFC 3261 [6] ISUP reference: 

ES 283 027 [1], clause 7.2.3.1.5 
ETS 300 356-1 [28] clause 2.1.7 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of the Answer message (ANM). 


SIP selection 
criteria: 


PICS 4/18 


ISUP selection 
criteria: 




Test purpose: 


ANM received, mapping of PI contained in the ATP into the 200 OK PSTN XML PI 

Ensure that the SUT, having received the ACM message, on receipt of an ANM message 
containing a progress Indicator set to PI_VALUE in the ATP: 

• sends a 200 OK included the PSTN XML Progresslndlcator set to PI VALUE. 


SIP Parameter 
values: 


200 OK; PSTN XML Progresslndlcator: PI_VALUE (PIXIT) 


ISUP Parameter 
values: 


ANM; ATP progress Indicator: PI_VALUE (PIXIT) 


Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 
180 Ringing «■ «■ ACM (free) 

Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 
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TP1 06003 


SIP reference: RFC 3261 [6] 






ISUP reference: 








ES 283 027 [1], clause 7.2.3.1.5 








ETS 300 356-1 [28] clause 2.1.7 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of tlie Answer message (ANIVI). 


SIP selection 


PICS 4/18 








criteria: 










iSUP selection 


PICS 4/19 








criteria: 










Test purpose: 


Fallback procedure: ANM received no BC in an ATP, mapping of TMU parameter into the 




PSTM XML PI sent in the 200 OK INVITE 










Ensure that the SUT, having received the ACM message, on receipt of an ANM message 




containing the Transmission Medium Used set to TMU_VALUE and the ATP without Bearer 




Capability (BC): 










• sends a 200 OK message with the PSTN XIVIL Bearer Capability encoded 




ISDN BC VALUE. 








SIP Parameter 


INVITE: 








values: 


PSTN XML first Bearer Capability: SETUP_BC1 








PSTN XML second Bearer Capability: SETUP_BC2 






200 OK; Bearer capability: ISDN BC VALUE 








IQI ID Daramatot* 


ANM; TMU: TMU VALUE 








uoliipe- 

VCIIUCO ■ 


ATP: no BC 








Comments' 


SIP SUT 




ISUP 




INVITE ^ 






lAM 




180 Ringing 






ACM (free) 




Ringing tone 








200 OK INVITE «■ 






ANM 




ACK ^ 










Conversation 








BYE ^ 






REL 




200 OK BYE «■ 






RLC 



Values for test purposes TP1 06003 


Test 
purposes 


ANM parameter values 


200 OK parameter values 


SETUP parameter values 


VA_01 


TMU_VALUE: speech 


ISDN_BC_VALUE: speech 


SETUP BC1: speech 
SETUP_BC2: unrestricted digital 
information with tones and 
announcements 


VA_02 


TMU_VALUE: 3,1 kHz 
audio 


ISDN_BC_VALUE: 3,1 kHz 
audio 


SETUP_BC1:3,1 kHz audio 
SETUP_BC2: unrestricted digital 
information with tones and 
announcements 
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TP1 06004 


SIP reference: RFC 3261 [6] ISUP reference: 

bb ^oo u^7 [1J, Clause 7.^.0.1.5 
ETS 300 356-1 [28] clause 2.1.7 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of the Answer message (ANM). 


SIP selection 
criteria: 


PICS 4/18 


iSUP selection 
criteria: 


PIGS 4/19 


Test purpose: 


Fallback procedure: ANM received BC in an ATP, mapping of TMU parameter and BC into 
the PSTM XML PI sent in the 200 OK INVITE 

Ensure that the SUT , having received the ACM message, on receipt of an ANM message 
containing the Transmission Medium Used set to TMU VALUE and the ATP set to 
ATP_VALUE and containing the progress indicator set to "interworl<ing has occurred and 
has resulted in a telecommunication service change" (#5): 

• sends a 200 OK message with the PSTN XML BearerCapablllty encoded 

ISDN_BC_VALUE and the PSTN XML Progresslndicator set to "interworking has 
occurred and has resulted in a telecommunication service change" (#5). 


SIP Parameter 
values: 


INVITE: 

PSTN XML first BearerCapablllty: SETUP BC1 
PSTN XML second Bearer Capability: SETUP BC2 
200 OK; 

rb 1 N XML BearerCapablllty: ibiJN_Bu_VALUt 

Progresslndication: interworking has occurred and has resulted in a telecommunication 

service change(#5) 


ISUP Parameter 
values: 


ANM; TMU: TMU VALUE 
ATP: ATP_VALUE 

Progress Indication: interworking has occurred and has resulted in a telecommunication 
service change(#5) 


Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 
180 Ringing ^ ^ ACM (free) 

Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 



Values for test purposes TP1 06004 


Test 
purposes 


ACM parameter values 


200 OK parameter values 


SETUP parameter values 


VA_01 


TMU VALUE: speech 
ATP_VALUE: speech 


ISDN_BG_VALUE: speech and 
Progresslndicator: (#5) 


SETUP BG1: speech 
SETUP_BG2: unrestricted digital 
information with tones and 

announcements 


VA_02 


TMU VALUE: speech 
ATP_VALUE: 3,1 kHz 
audio 


ISDN_BG_VALUE: 3,1 kHz 
audio and Progresslndicator: 

(#5) 


SETUP BG1:3,1 kHz audio 
SETUP_BG2: unrestricted digital 
information with tones and 
announcements 


VA_03 


TMU_VALUE: 3,1 kHz 
audio 

ATP_VALUE: speech 


ISDN_BC_VALUE: speech and 
Progresslndicator: (#5) 


SETUP_BC1 : speech 
SETUP_BC2: unrestricted digital 

information with tones and 
announcements 


VA_04 


TMU_VALUE: 3,1 kHz 
audio 

ATP_VALUE: 3,1 kHz 
audio 


ISDN_BG_VALUE: 3,1 kHz 
audio and Progresslndicator: 

(#5) 


SETUP_BG1: 3,1 kHz audio 
SETUP_BG2: unrestricted digital 
information with tones and 
announcements 
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TP1 06005 


SIP reference: RFC 3261 [6] ISUP reference: 

bb ^oo u^7 [1J, Clause 7.^.0.1.5 
ETS 300 356-1 [28], clause 2.1.7 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of the Answer message (ANM). 


SIP selection 
criteria: 


PICS 4/18 


ISUP selection 
criteria: 


PICS 4/19 


Test purpose: 


Fallback procedure: ANM received coritalns an ATP with BC unrestricted digital Information 
with tones/announcement, mapping into the PSTN XML PI in the sent 200 OK INVITE 

Ensure that the SUT, having received the ACM message, on receipt of an ANM message 
containing the ATP including the Bearer Capability set to "unrestricted digital information 
with tones/announcement" and without TIVIU parameter: 

• sends a 200 OK message with the PSTN XIVIL Bearer Capability set to 

"unrestricted digital information with tones/announcement". 


SIP Parameter 
values: 


200 OK; PSTN XML BearerCapabilty: unrestricted digital information with 

tones/announcement 


ISUP Parameter 
values: 


ANM; ATP BC: unrestricted digital information with tones/announcement 
no TMU 


Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 
180 Ringing ACM (free) 

Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 



TP1 06006 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.5 
ETS 300 356-1 [28], clause 2.1.7 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of the Answer message (ANM). 


SIP selection 

criteria: 


PICS 4/18 


ISUP selection 
criteria: 




Test purpose: 


ANM received contains an ATP parameter, mapping of HLC into the PSTN HLC In the 200 
OK INVITE 

Ensure that the SUT, having received the ACM message, on receipt of an ANM message 
containing the HLC parameter in the ATP set to HLC_VALUE: 

• sends a 200 OK message PSTN XML HighLayerCompatibility information 
element set to HLC VALUE. 


SIP Parameter 
values: 


200 OK; 

PSTN XML HighLayerCompatibility: HLC VALUE (PIXIT) 


ISUP Parameter 
values: 


ANM; ATP HLC: HLC VALUE 


Comments: 


SIP 

INVITE ^ 
180 Ringing «■ 

200 OK INVITE «■ 
ACK ^ 

BYE ^ 
200 OK BYE «■ 


SUT 

«■ 

Ringing tone 

«■ 

Conversation 


ISUP 
lAM 

ACM (free) 
ANM 

REL 
RLC 
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TP1 06007 



SIP reference: RFC 3261 [6] 



ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.5 
ETS 300 356-1 [28] clause 2.1.7 



TSS reference: 



SIP-ISUP/Basic call/ Receipt of the Answer message (ANM). 



SIP selection 
criteria: 



PICS 4/18 



ISUP selection 
criteria: 



PICS 4/19 



Test purpose: 



Fallback procedure: ANM received contains an ATP with HLC and PI #5, mapping Into the 
PSTN XML PI In the sent 200 OK INVITE 

Ensure that the SUT, having received the ACM message, on receipt of an ANM message 
containing the HLC parameter in the ATP with an HLC set to HLC_VALUE and the 
progress indicator set to "interworking has occurred and has resulted in a 
telecommunication service change" (#5): 

• sends a 200 OK message with the PSTN XML HIghLayerCompatlblllty 

information element set to HLC_VALUE and the progress indicator set to 
"interworking has occurred and has resulted in a telecommunication service change" 
(#5). 



SIP Parameter 
values: 



INVITE: 

PSTN XML HIghLayerCompatlblllty: HLC_VALUE1 (PIXIT), HLC_VALUE2 (PIXIT) 

200 OK; PSTN XML HighLayerCompatibility: HLC_VALUE2 (PIXIT) 

PSTN XML Progresslndlcator: intenworking has occurred and has resulted in a 

telecommunication service change (#5) 



ISUP Parameter 
values: 



ANM; ATP HLC: HLC_VALUE2 

progress Indicator: interworking has occurred and has resulted in a telecommunication 
service change (#5) 



Comments: 



SIP 




INVITE 




180 Ringing 




200 OK INVITE 




ACK 




BYE 




200 OK BYE 





SUT 
Ringing tone 
Conversation 



ISUP 
lAM 

ACM (free) 



«■ ANM 



REL 
RLC 
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TP1 06008 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.5 
ETS 300 356-1 [28] clause 2.1.7 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of the Answer message (ANM). 


SIP selection 
criteria: 


PICS 4/18 


ISUP selection 
criteria: 




Test purpose: 


ANM received contains an A TP conveying ttie LLC, mapping into the PSTN XML LLC in tlie 
sent 200 OK INVITE 

Ensure that the SUT, having received the ACM message, on receipt of an ANM message 
containing the LLC parameter in the ATP set to LLC_VALUE: 

• sends a 200 OK message with a PSTN XML LowLayerCompatlblllty information 
element set to LLC VALUE. 


SIP Parameter 
values: 


200 OK INVITE: PSTN XML LowLayerCompatlblllty: LLC_VALUE (PIXIT) 


ISUP Parameter 
values: 


ANM; ATP LLC: LLC_VALUE 


Comments: 


SIP 

INVITE ^ 
180 Ringing «■ 

200 OK INVITE «■ 
ACK ^ 

BYE ^ 
200 OK BYE «■ 


SUT 

«■ 

Ringing tone 

«■ 

Conversation 


ISUP 
lAM 

ACM (free) 
ANM 

REL 
RLC 
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6.2.1 .7 Receipt of the Connect message (CON) 



TP1 07001 



SIP reference: RFC 3261 [6] 



ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.5 



TSS reference: 



SIP-ISUP/Basic call/ Receipt of the CONNECT message (CON). 



SIP selection 
criteria: 



PIGS 4/1 AND PICS 4/4 AND PICS 4/5 



ISUP selection 

criteria: 



Test purpose: 



CON received, 200 OK INVITE is sent after Preconidions are met 

SDP offer was received in the initial INVITE. Ensure that the SUT, on receipt of an CON 
message: 

sends a 200 OK INVITE to the UAC. 

The bearer path shall be connected in both directions when both of the following conditions 

are satisfied: 

• the l-MGCF determines (using the procedures defined in RFC 3312 [7]) that 
sufficient preconditions have been satisfied on the SIP side for session 
establishment to proceed (if applicable). 

In addition, if BICC is performing the "Per-call bearer set-up in the forward direction" 
Outgoing bearer set-up procedure and the Connect Type is "notification not required', the 
bearer path shall be connected in both directions when the Bearer Set-up request is sent 
and the l-IWU determines (through the procedures defined in RFC 3312 [7]) that sufficient 
preconditions have been met for the session to proceed. 



SIP Parameter 
values: 



INVITE: Require: precondition 

SDP a=curr:qos local none 
a=curr:qos remote none 
a=des:qos mandatory local sendrecv 
a=des:qos none remote sendrecv 

183: Require: lOOrel 



SDP 



UPDATE: 
SDP 



a=curr:qos local none 
a=curr:qos remote none 
a=des:qos mandatory local sendrecv 
a=des:qos mandatory remote sendrecv 
a=conf:qos remote sendrecv 



a=curr:qos local sendrecv 
a=curr:qos remote none 
a=des:qos mandatory local sendrecv 
a=des:qos mandatory remote sendrecv 



200 OK UPDATE 

SDP a=curr:qos local sendrecv 
a=curr:qos remote sendrecv 
a=des:qos mandatory local sendrecv 

a=des:qos mandatory remote sendrecv 



ISUP Parameter 
values: 



Comments: 



SIP 



SUT 



INVITE 




1 83 Session Progress 




PRACK 




200 OK PRACK 




UPDATE 




200 OK UPDATE 




200 OK INVITE 




ACK 




BYE 




200 OK BYE 





Conversation 



ISUP 
^ lAM 



COT(successful) 
«■ CON 



^ REL 
«■ RLC 
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TP1 07002 



SIP reference: RFC 3261 [6] 



ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.5 



TSS reference: 



SIP-ISUP/Basic call/ Receipt of the CONNECT message (CON). 



SIP selection 
criteria: 



NOT PICS 4/1 AND PICS 4/4 AND PICS 4/5 



ISUP selection 
criteria: 



Test purpose: 



CON received, 200 OK INVITE is sent after Preconidions are met 



SDP offer was received in the initial INVITE. Ensure that the SUT, on receipt of an CON 
message: 

sends a 200 OK INVITE to the UAC. 

The bearer path shall be connected in both directions when both of the following conditions 
are satisfied: 



• the l-MGCF determines (using the procedures defined in RFC 3312 [7]) that 
sufficient preconditions have been satisfied on the SIP side for session 
establishment to proceed (if applicable). 

In addition, if BICC is performing the "Per-call bearer set-up in the forward direction" 
Outgoing bearer set-up procedure and the Connect Type is "notification not required', the 
bearer path shall be connected in both directions when the Bearer Set-up request is sent 
and the l-IWU determines (through the procedures defined in RFC 3312 [7]) that sufficient 
preconditions have been met for the session to proceed. 



SIP Parameter 
values: 



INVITE: Require: precondition 

SDP a=curr:qos local none 
a=curr:qos remote none 
a=des:qos mandatory local sendrecv 
a=des:qos none remote sendrecv 



183: Require: lOOrel 

SDP a=curr:qos local none 
a=curr:qos remote none 
a=des:qos mandatory local sendrecv 
a=des:qos mandatory remote sendrecv 
a=conf:qos remote sendrecv 



UPDATE: 
SDP 



a=curr:qos local sendrecv 
a=curr:qos remote none 
a=des:qos mandatory local sendrecv 
a=des:qos mandatory remote sendrecv 



200 OK UPDATE 

SDP a=curr:qos local sendrecv 
a=curr:qos remote sendrecv 
a=des:qos mandatory local sendrecv 

a=des:qos mandatory remote sendrecv 



ISUP Parameter 

values: 



Comments: 



SIP 



SUT 



INVITE 




1 83 Session Progress 




PRACK 




200 OK PRACK 




UPDATE 




200 OK UPDATE 




200 OK INVITE 




ACK 




BYE 




200 OK BYE 





Conversation 



ISUP 

lAM 
CON 



REL 
RLG 
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TP! 07003 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.5 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of the CONNECT message (CON). 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


CON received, 200 OK INVITE is sent 






SDP offer was received in the initial INVITE. Ensure that the SUT, on receipt of an CON 
message: 




sends a 200 OK INVITE to the UAC. 

The bearer path shall be connected in both directions. 




In addition, if BICC is performing the "Per-call bearer set-up in the forward direction" 
Outgoing bearer set-up procedure and the Connect Type is "notification not requirecT, the 
bearer path shall be connected in both directions when the Bearer Set-up request is sent 
and the l-IWU determines (through the procedures defined in RFC 3312 [7]) that sufficient 
preconditions have been met for the session to proceed. 


SIP Parameter 
values: 


INVITE: SDP offer 

200 OK INVITE: SDP answer 


ISUP Parameter 
values: 




Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 
200 OK INVITE «■ «■ CON 
ACK ^ 

Conversation 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 



TP1 07004 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.5 
ETS 300 356-1 [28], clause 2.1.7 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of the Answer message (ANM). 


SIP selection 
criteria: 


PICS 4/18 


ISUP selection 
criteria: 




Test purpose: 


CON received contains a PI conveyed in an ATP, mapped into the PSTN XML PI sent in the 
200 OK INVITE 

Ensure that the SUT, on receipt of an CON message containing a progress indicator set to 
PLVALUE in the ATP: 

• sends a 200 OK included the PSTN XIUIL Progresslndicator set to PI VALUE. 


SIP Parameter 
values: 


200 OK; PSTN XML Progresslndicator: PI_VALUE (PIXIT) 


ISUP Parameter 
values: 


ANM; ATP progress indicator: PI_VALUE (PIXIT) 


Comments: 


SIP SUT ISUP 
INVITE lAM 
200 OK INVITE «■ «■ CON 
ACK ^ 

Conversation 

BYE REL 
200 OK BYE «■ «■ RLC 
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TP1 07005 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.5 
ETS 300 356-1 [28], clause 2.1.7 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of the Answer message (CON). 


SIP selection 
criteria: 


PICS 4/18 


ISUP selection 
criteria: 


PICS 4/19 


Test purpose: 


CON received contains tlie TMU parameter, mapping into the PSTN XML BC sent in tlie 
200 OK INVITE 

Ensure that the SUT, on receipt of an CON message containing the Transmission Medium 
Used set to TMU_VALUE and the ATP without Bearer Capability (BC): 

• sends a 200 OK message with the PSTN XML BearerCapability encoded 
ISDN BC VALUE. 


SIP Parameter 
values: 


INVITE: 

PSTN XML first Bearer Capability: SETUP BC1 
PSTN XML second Bearer Capability: SETUP BC2 
200 OK; 

Bearer capability: ISDN BC VALUE 


ISUP Parameter 
values: 


CON; TMU: TMU VALUE 
ATP: no BC 


Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 
200 OK INVITE «■ «■ CON 
ACK 

Conversation 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 



Values for test purposes TP1 07005 


Test 
purposes 


CON parameter 
values 


200 OK parameter values 


SETUP parameter values 


VA_01 


TMU_VALUE: speech 


ISDN_BC_VALUE: speech 


SETUP_BC1 : speech 
SETUP_BC2: unrestricted digital 
information with tones and 
announcements 


VA_02 


TMU_VALUE: 3,1 kHz 
audio 


ISDN_BC_VALUE: 3,1 kHz 
audio 


SETUP BC1: 3,1 kHz audio 
SETUP_BC2: unrestricted digital 
information with tones and 
announcements 
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TP1 07006 


SIP reference: RFC 3261 [6] ISUP reference: 

bb ^oo u^7 [1J, Clause 7.^.0.1.5 
ETS 300 356-1 [28], clause 2.1.7 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of the Answer message (CON). 


SIP selection 
criteria: 


PICS 4/18 


ISUP selection 
criteria: 


PICS 4/19 


Test purpose: 


CON received contains the TMU parameter and ttie ATP parameter conveying the PI #5, 
mapping into the PSTN XML PI sent in the 200 OK INVITE 

Ensure that the SUT , on receipt of an CON message containing the Transmission 
Medium Used set to l MU VALUt and the ATP set to A I r VALUb and containing the 
progress indicator set to "interworking has occurred and has resulted in a 
telecommunication service change" (#5): 

• sends a 200 OK message with the PSTN XML BearerCapability encoded 

ISDN_BC_VALUE and the PSTN XML Progresslndicator set to "interworking has 
occurred and has resulted in a telecommunication service change" (#5). 


SIP Parameter 
values: 


INVITE: 

PSTN XML first BearerCapability: SETUP_BC1 
second Bearer Capability: SETUP BC2 
200 OK; 

rb 1 N XML BearerCapability: ibL)N_BC_VALUt 

Progresslndication: interworking has occurred and has resulted in a telecommunication 

service change(#5) 


ISUP Parameter 
values: 


CON; TMU: TMU VALUE 
ATP: BC ATP_VALUE 

Progress indication: intenA/orking has occurred and has resulted in a telecommunication 
service change(#5) 


Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 
200 OK INVITE «■ «■ CON 
ACK ^ 

Conversation 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 



Values for test purposes TP1 07006 


Test 
purposes 


ACM parameter values 


200 OK parameter values 


SETUP parameter values 


VA_01 


TMU VALUE: speech 
ATP_VALUE: BC speech 


ISDN_BC_VALUE: speech and 
Progresslndicator: (#5) 


SETUP BC1: speech 
SETUP^BC2: unrestricted digital 
information with tones and 
announcements 


VA_02 


TMU VALUE: speech 
ATP_VALUE: BC 3,1 kHz 
audio 


ISDN_BC_VALUE: 3,1 kHz 
audio and Progresslndicator: 

(#5) 


SETUP_BC1 : 3,1 kHz audio 
SETUP_BC2: unrestricted digital 
information with tones and 

announcements 


VA_03 


TMU_VALUE: 3,1 kHz 
audio 

ATP_VALUE: BC speech 


ISDN_BC_VALUE: speech and 
Progresslndicator: (#5) 


SETUP_BC1: speech 
SETUP_BC2: unrestricted digital 

information with tones and 
announcements 


VA_04 


TMU_VALUE: 3,1 kHz 
audio 

ATP_VALUE: BC 3,1 kHz 
audio 


ISDN_BC_VALUE: 3,1 kHz 
audio and Progresslndicator: 
(#5) 


SETUP BC1:3,1 kHz audio 
SETUP_BC2: unrestricted digital 
information with tones and 
announcements 
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TP1 07007 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.5 
ETS 300 356-1 [28] clause 2.1.7 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of the Answer message (CON). 


SIP selection 
criteria: 


PICS 4/18 


ISUP selection 
criteria: 


PICS 4/19 


Test purpose: 


CON received contains tlie ATP parameter conveying tlie BC unrestricted digital 
information with tones/announcement, mapping into the PSTN XML BC sent in the 200 OK 
INVITE 

Ensure that the SUT, on receipt of an CON message containing the ATP including the 
Bearer Capability set to "unrestricted digital information with tones/announcement" and 
without TMU parameter: 

• sends a 200 OK message with the PSTN XML Bearer Capability set to 

"unrestricted digital information with tones/announcement". 


SIP Parameter 
values: 


200 OK; PSTN XML BearerCapabilty: unrestricted digital information with 
tones/announcement 


ISUP Parameter 
values: 


CON; ATP BC: unrestricted digital information with tones/announcement 
no TMU 


Comments: 


INVITE ^ ^ lAM 
200 OK INVITE «■ «■ CON 
ACK ^ 

Conversation 

BYE ^ REL 
200 OK BYE «■ «■ RLC 



TP1 07008 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.5 
ETS 300 356-1 [28], clause 2.1.7 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of the Answer message (CON). 


SIP selection 
criteria: 


PIGS 4/18 


ISUP selection 
criteria: 




Test purpose: 


CON received contains the ATP parameter conveying the HLC, mapping into the PSTN 
XML HLC sent in the 200 OK INVITE 

Ensure that the SUT, on receipt of an CON message containing the HLC parameter In the 
ATP set to HLC_VALUE: 

• sends a 200 OK message PSTN XML HighLayerCompatibility information 
element set to HLC VALUE. 


SIP Parameter 
values: 


200 OK; 

PSTN XML HighLayerCompatibility: HLC VALUE (PIXIT) 


ISUP Parameter 
values: 


CON; ATP HLC: HLC_VALUE 


Comments: 


SIP SUT ISUP 
INVITE ^ lAM 
200 OK INVITE «■ «■ CON 
ACK ^ 

Conversation 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 
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TP1 07009 


SIP reference: RFC 3261 [6] ISUP reference: 

bb ^oo u^7 [1J, Clause 7.^.0.1.5 
ETS 300 356-1 [28], clause 2.1.7 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of the Answer message (CON). 


SIP selection 
criteria: 


PICS 4/18 


ISUP selection 
criteria: 


PICS 4/19 


Test purpose: 


CON received contains the ATP parameter conveying the HLC and PI #5, mapping into the 
PSTN XML HLC sent in the 200 OK INVITE 

Ensure that the SUT, on receipt of an CON message containing the HLC parameter in the 
ATP with an High Layer Compatibility set to HLC_VALUE and the Progress.indicator set to 
"interworking has occurred and has resulted in a telecommunication service change" (#5): 

• sends a 200 OK message with the PSTN XIUIL HighLayerCompatibility Information 
element set to HLC_VALUE and the progress indicator set to "interworking has 
occurred and has resulted in a telecommunication service change" (#5). 


SIP Parameter 
values: 


INVITE: 

PSTN XIUIL HighLayerCompatibility: HLC_VALUE1 (PIXIT), HLC_VALUE2 (PIXIT) 
200 OK; 

PSTN XML HighLayerCompatibility: HLC_VALUE2 (PIXIT) 

progress indicator: intenworking has occurred and has resulted in a telecommunication 

service change (#5) 


ISUP Parameter 
values: 


CON; ATP HLC: HLC_VALUE2 

progress indicator: interworking has occurred and has resulted in a telecommunication 
service change (#5) 


Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 
200 OK INVITE «■ «■ CON 
ACK ^ 

Conversation 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 



TP1 07010 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.5 
ETS 300 356-1 [28] clause 2.1.7 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of the Answer message (CON). 


SIP selection 
criteria: 


PICS 4/18 


ISUP selection 
criteria: 




Test purpose: 


CON received contains an ATP conveying the LLC, mapping into the PSTN XML sent in the 
200 OK INVITE 

Ensure that the SUT, having received the ACM message, on receipt of an CON message 
containing the LLC parameter in the ATP set to LLC_VALUE: 

• sends a 200 OK message wit a PSTN XIUIL LowLayerCompatibility information 
element set to LLC VALUE. 


SIP Parameter 
values: 


200 OK; PSTN XML LowLayerCompatibility: LLC_VALUE (PIXIT) 


ISUP Parameter 
values: 


CON; ATP LLC: LLC_VALUE 


Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 
200 OK INVITE «■ «■ CON 
ACK ^ 

Conversation 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 
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6.2.1 .8 Receipt of the REL message 



TP1 08001 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.8 


TSS reference: 


SIP-ISUP /Basic call/ Receipt of the Release message (REL)/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


REL received after lAM was sent. Mapping into ftnal response containing a Reason header 

Ensure that the SUT in the Idle state on receipt of a INVITE message, sending out an lAM 
message, on receipt of an ISUP REL, where the cause value defined as CVJSUP: 

• the SUT immediately requests the disconnection of the internal bearer path. 

• the bU 1 shall send the appropriate bir status defined as bir r-AlLUHt VA, 

• The ISUP Cause Value field in the ISUP REL message is mapped to the Reason 
header field. 


SIP Parameter 
values: 


cause value: CV_SIP (PIXIT) 


ISUP Parameter 
values: 


REL; cause value: CV_ISUP (PIXIT) 


Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 
SIP_FAILURE_VA «- «- REL 
ACK RLC 
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Table 4 



Values for test purposes TP1 08001 


<-SIP Message 
SIP FAILURE VA 
CV SIP 


<r- REL 

Cause Indicators parameter 
CV ISUP 


VA_1 


404 Not Found 
oause Value No. 1 


Cause Value No. 1 ("unallocated (unassigned) number") 


VA_2 


500 Server Internal Error 
Cause Value no. 2 


Cause Value No. 2 ("no route to network") 


VA_3 


500 Server Internal Error 
Cause Value no. 3 


Cause Value No. 3 ("no route to destination") 


VA_4 


500 Server Internal Error 
Oause Value No. 4 


Cause Value No. 4 ("Send special information tone") 


VA_5 


404 Not Found 
Cause Value No. 5 


Oause Value no. o ( Misdiaiied trunk prefix ) 


VA_6 


500 Server Internal Error 

Oause Value No. 8 


Cause Value No. 8 ("Preemption") 


VA_7 


500 Server Internal Error 
Oause Value No. 9 


Cause Value No. 9 ("Preemption-circuit reserved for 
reuse") 


VA_8 


486 Busy Here 
Oause Value no. i7 


Cause Value No. 17 ("user busy") 


VA_9 


480 Temporarily unavailable 
Oause Value No. 18 


Cause Value No. 18 ("no user responding") 


VA_10 


480 Temporarily unavailable 
Oause Value No. 19 


Cause Value No. 1 9 ("no answer from the user") 


VA_1 1 


480 Temporarily unavailable 
Cause Value No. 20 


Cause Value No. 20 ("subscriber absent") 


VA_1 id 


480 Temporarily unavailable 
Cause Value No. 21 


Cause Value No. 21 ( all rejected ) 


VA_13 


410 Gone 

Cause Value No. 22 


Cause Value No. 22 ("number changed") 


VA_14 


480 Temporarily unavailable 
Cause Value No. 25 


Cause Value No. 25 ("Exchange routing error") 


VA_15 


502 Bad Gateway 
Cause Value No. 27 


Cause Value No. 27 ("destination out of order") 


VA_16 


484 Address Incomplete 

Cause Value No. 28 


Cause Value No. 28 ("invalid number format (address 

incomplete")) 


VA 17 


500 Server Internal Error 


Cause Value No. 29 ("facility rejected") 


VA_18 


480 Temporarily unavailable 
Cause Value No. 31 


Cause Value No. 31 ("normal unspecified") 
(Class default) 


VA_19 


486 Busy here if Diagnostics indicator 
includes the (CCBS indicator = CCBS 

possible) 

else 480 Temporarily unavailable 
Cause Value No. 34 


Cause Value in the Class 010 (resource unavailable, 
Cause Value No. 34) 


VA_20 


500 Server Internal Error 
Cause Value No. 47 


Cause Value in the Class 010 (resource unavailable, 
Oause Value no. 38-47) 
(47 is class default) 


VA_21 


500 Server Internal Error 
Cause Value No. 50 


Cause Value No. 50 ("requested facility not subscribed") 


VA_22 


500 Server Internal Error 
Cause Value No. 55 


Cause Value No. 55 ("incoming calls barred within CUG") 


VA_23 


500 Server Internal Error 

Cause Value No. 57 


Cause Value No. 57 ( bearer capability not authonzed ) 


VA_24 


500 Server Internal Error 
Cause Value No. 58 


Cause Value No. 58 ("bearer capability not presently") 


VA_25 


500 Server Internal Error 
Cause Value No. 63 


Cause Value No. 63 ("service option not available, 

unspecified") 
(Class default) 


VA_26 


500 Server Internal Error 
Cause Value No. 65 - 79 


Cause Value in the Class 100 (service or option not 
implemented Cause Value No. 65 - 79) 
(79 is class default) 


VA_27 


500 Server Internal Error 
Cause Value No. 87 


Cause Value No. 87 ("user not member of CUG") 
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Values for test purposes TP1 08001 


<-SIP Message 
SIP FAILURE VA 
CV SIP 


<- REL 

Cause Indicators parameter 
CV ISUP 


VA_28 


500 Server Internal Error 

Cause Value No. 88 


Cause Value No. 88 ("incompatible destination") 


VA_29 


500 Server Internal Error 
Cause Value No. 90 


Cause Value No. 90 ("Non-existent CUG") 


VA_30 


404 Not Found 
Cause Value No. 91 


Cause Value No. 91 ("invalid transit network selection") 


VA_31 


500 Server Internal Error 
Cause Value No. 95 


Cause Value No. 95 ("invalid message") 
(Class default) 


VA_32 


500 Server Internal Error 
Cause Value No. 97 


Cause Value No. 97 ("Message type non-existent or not 
implemented") 


VA_33 


500 Server Internal Error 
Cause Value No. 99 


Cause Value No. 99 ("information element/parameter non- 
existent or not implemented") 


VA_34 


480 Temporarily unavailable 
Cause Value No. 102 


Cause Value No. 102 ("recovery on timer expiry") 


VA_35 


500 Server Internal Error 
Cause Value No. 103 


Cause Value No. 103 ( Parameter non-existent or not 
implemented, pass on") 


VA_36 


500 Server Internal Error 
Cause Value No. 110 


Cause Value No. 110 ("Message with unrecognized 
Parameter, discarded") 


VA_37 


500 Server Internal Error 
Cause Value No. 111 


Cause Value No. 1 1 1 ("protocol error, unspecified") 

(Class default) 


VA_38 


480 Temporarily unavailable 
Cause Value No. 127 


Cause Value No. 127 ("interworking unspecified") 
(Class default) 



TP1 08002 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.8 


TSS reference: 


SIP-ISUP /Basic call/ Receipt of the Release message (REL)/ 


SIP selection 
criteria: 


PICS 4/15 


ISUP selection 
criteria: 




Test purpose: 


REL after ACM received, mapping in a final response 

Ensure that the SUT in the Idle state on receipt of a INVITE message, sending out an lAM 
message, having received a ACM message where the CPS indicator is set to "no 
Indication", on receipt of an ISUP REL, where the cause value defined as CVJSUP: 

• the SUT immediately requests the disconnection of the internal bearer path. 
When the ISUP circuit is available for re-selection, an ISUP RLC is returned to 
the ISUP side; 

• the SUT shall send the appropriate SIP status defined as SIP_FAILURE_VA; 

• the ISUP Cause Value field in the ISUP REL message is mapped to the Reason 
header field. 


SIP Parameter 
values: 


cause value: CV_SIP (PIXIT) 


ISUP Parameter 
values: 


REL; cause value: CV_ISUP (PIXIT) 


Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 

ACM (no indication) 
SIP_FAILURE_VA «■ «■ REL 
ACK ^ ^ RLC 
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Table 5 



Values for test purpose TP1 08002 


<-SIP Message 
SIP FAILURE VA 
CV SIP 


<r- REL 

Cause Indicators parameter 
CVJSUP, 


VA_1 


486 Busy Here 
Oause Value No. 17 


Cause Value No. 17 ("user busy") 


VA_2 


480 Temporarily unavailable 
Cause Value No. 18 


Cause Value No. 18 ("No user responding") 


VA_3 


J A A T- "1 "III 

480 Temporanly unavailable 
Cause Value No. 21 


Cause Value No. 21 ( all rejected ) 


VA_4 


410 Gone 

Cause Value No. 22 


Cause Value No. 22 ("number changed") 


VA_5 


502 Bad Gateway 
Cause Value No. 27 


Cause Value No. 27 ("destination out of order") 


VA_6 


484 Address Incomplete 

Cause Value No. 28 


Cause Value No. 28 ( invalid number format (address 

incomplete") 


VA_7 


480 Temporarily unavailable 
Cause Value No. 31 


Cause Value No. 31 ("normal unspecified") 
(Class default) 


VA_8 


500 Server Internal Error 
Cause Value No. 47 


Cause Value in the Class 010 (resource unavailable, 
Cause Value No. 38-47) 

(47 is class default) 


VA_9 


500 Server Internal Error 
Cause Value No. 63 


Cause Value No. 63 ("service option not available, 

unspecified") 

(Class default) 


VA_10 


500 Server Internal Error 

Cause Value No. 88 


Cause Value No. 88 ("incompatible destination") 


VA_11 


500 Server Internal Error 
Cause Value No. 1 1 1 


Cause Value No. Ill ("protocol error, unspecified") 
(Class default) 



TP1 08003 


SIP reference: RFC 3261 [6] ISUP reference: 

ES 283 027 [1], clause 7.2.3.1.8 


TSS reference: 


SIP-ISUP /Basic call/ Receipt of the Release message (REL)/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


REL received in the early diaiogue (ACM free) mapping in a final response 

Ensure that the SUT in the Idle state on receipt of a INVITE message, sending out an lAM 
message, having received a ACM message where the CPS indicator is set to "subscriber 
free", having sent a 180 Ringing message on receipt of an ISUP REL, where the cause 
value defined as CVJSUP: 

• the SUT immediately requests the disconnection of the internal bearer path. 
When the ISUP circuit is available for re-selection, an ISUP RLC is returned to 
the ISUP side; 

• the SUT shall send the appropriate SIP status defined as SIP_FAILURE_VA; 

• the ISUP Cause Value field in the ISUP REL message is mapped to the Reason 
header field. 


SIP Parameter 
values: 


Cause value: CV_SIP (PIXIT) 


ISUP Parameter 
values: 


REL; Cause value: CV_ISUP (PIXIT) 


Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 
180 Ringing «■ «■ ACM (free) 
SIP_FAILURE_VA «■ «■ REL 
ACK ^ ^ RLC 
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1 r 1 UoUU4 


Sir reterence: Kro o^oi [bj loUr reterence: 

ES 283 027 [1], clause 7.2.3.1.8 


TSS reference: 


SIP-ISUP /Basic call/ Receipt of the Release message (REL)/ 


SIP selection 
criteria: 


NOT PICS 4/15 


ISUP selection 
criteria: 




Test purpose: 


REL received in the early diaiogue (CPG Alerting) mapping in a final response 

Ensure that the SUT in the Idle state on receipt of a INVITE message, sending out an lAM 
message, having received a ACM message where the CPS indicator is set to "no 
indication", having received a CPG message where the event information parameter 
event indicator is set to "Alerting", a 180 Ringing message Is sent, on receipt of an where 

the cause value defined as CVJSUP: 

• the SUT Immediately requests the disconnection of the internal bearer path. 
When the ISUP circuit Is available for re-selectlon, an ISUP RLC Is returned to 
the ISUP side; 

• the SUT shall send the appropriate SIP status defined as SIP_FAILURE_VA; 

• the ISUP Cause Value field In the ISUP REL message Is mapped to the Reason 
header field. 


SIP Parameter 

values: 


Cause value: CV_SIP (PIXIT) 


ISUP Parameter 
values: 


REL; cause value: CVJSUP (PIXIT) 


Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 

ACM (no indication) 
180 Ringing «■ «■ CPG (Alerting) 
SIP_FAILURE_VA «■ REL 
ACK RLC 



Table 6 



Values for test purposes TP1 08003 and TP1 08004 


<-SIP Message 
SIP FAILURE VA 
CV SIP 


<- REL 

Cause Indicators parameter 
CVJSUP, 


VA_1 


486 Busy Here 
Cause Value No. 17 


Cause Value No. 17 ("user busy") 


VA_2 


480 Temporarily unavailable 
Cause Value No. 18 


Cause Value No. 18 ("No user responding") 


VA_3 


480 Temporarily unavailable 
Cause Value No. 21 


Cause Value No. 21 ("all rejected") 


VA_4 


410 Gone 

Cause Value No. 22 


Cause Value No. 22 ("number changed") 


VA_5 


502 Bad Gateway 
Cause Value No. 27 


Cause Value No. 27 ("destination out of order") 


VA_6 


484 Address Incomplete 
Cause Value No. 28 


Cause Value No. 28 ("Invalid number format (address 
incomplete") 


VA_7 


480 Temporarily unavailable 
Cause Value No. 31 


Cause Value No. 31 ("normal unspecified") 
(Class default) 


VA_8 


500 Server Internal Error 
Cause Value No. 47 


Cause Value in the Class 010 (resource unavailable. 
Cause Value No. 38-47) 
(47 Is class default) 


VA_9 


500 Server Internal Error 
Cause Value No. 63 


Cause Value No. 63 ("service option not available, 

unspecified") 
(Class default) 


VA_10 


500 Server Internal Error 
Cause Value No. 88 


Cause Value No. 88 ("Incompatible destination") 


VA_11 


500 Server Internal Error 
Cause Value No. 1 1 1 


Cause Value No. 1 1 1 ("protocol error, unspecified") 
(Class default) 
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Tri 08005 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.8 


TSS reference: 


SIP-ISUP /Basic call/ Receipt of the Release message (REL)/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


REL received in the confirmed state (ANM received) 

Ensure that the SUT in the Idle state on receipt of a INVITE message, sending out an lAM 
message, having received a ACM message, having received an ANM', a 200 OK message 
is sent, on receipt of an ISUP REL where the cause value defined as CV_ISUP: 

• the SUT immediately requests the disconnection of the internal bearer path. 
When the ISUP circuit is available for re-selection, an ISUP RLC is returned to 
the ISUP side; 

• the SUT shall send BYE message; 

• the ISUP Cause Value field in the ISUP REL message is mapped to the Reason 
header field in the BYE. 


SIP Parameter 
values: 


Cause value: CV_SIP (PIXIT) 


ISUP Parameter 

values: 


REL; cause value: CV_ISUP (PIXIT) 


Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 
180 Ringing «■ «■ ACM 
200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE «■ «■ REL 

200 OK BYE RLC 



TP1 08006 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.8 


TSS reference: 


SIP-ISUP /Basic call/ Receipt of the Release message (REL)/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


REL received in the confirmed state (CON received) 

Ensure that the SUT in the Idle state on receipt of a INVITE message, sending out a lAM 
message, having received a CON message, a 200 OK message is sent, on receipt of an 
where the cause value defined as CVJSUP: 

• the SUT immediately requests the disconnection of the internal bearer path. 
When the ISUP circuit is available for re-selection, an ISUP RLC is returned to 
the ISUP side; 

• the SUT shall send BYE message. 

• the ISUP Cause Value field in the ISUP REL message is mapped to the Reason 
header field. 


SIP Parameter 
values: 


Cause value: CV_SIP (PIXIT) 


ISUP Parameter 
values: 


REL; cause value: CV_ISUP (PIXIT) 


Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 
200 OK INVITE «■ «■ CON 
ACK ^ 

Conversation 

BYE «■ «■ REL 

200 OK BYE ^ ^ RLC 
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Table 7 



Values for test purposes TP1 08005 and TP1 08006 


<-SIP Message 
SIP FAILURE VA 
CV SIP 


<- REL 

Cause Indicators parameter 
CVJSUP, 


VA_1 


BYE 

Cause Value No. 16 


Cause Value No. 16 


VA_2 


BYE 

Cause Value No. 31 


Cause Value No. 31 ("normal unspecified") 
(Class default) 


VA_3 


BYE 

Cause Value No. 38 


Cause Value No. 38 ("Network out of order") 


VA_4 


BYE 

Cause Value No. 41 


Cause Value No. 41 ("Temporary failure ") 


VA_5 


BYE 

Cause Value No. 1 1 1 


Cause Value No. 1 1 1 ("protocol error, unspecified") 
(Class default) 



6.2.1 .9 Autonomous release at l-MGCF 



TP1 09001 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.8.10 


TSS reference: 


SIP-ISUP/Basic call/ Autonomous release at l-MGCF 


SIP selection 
criteria: 




ISUP selection 
criteria: 


PICS 3/3 AND NOT PICS 3/4 


Test purpose: 


Overlap not supported, 484 is sent if insufficient digits received in tfie INVITE 
Ensure that the SUT on receipt of insufficient digits received in an INVITE messages: 
• sends an 484 Address Incomplete message. 


SIP Parameter 

values: 




ISUP Parameter 
values: 




Comments: 


SIP SUT ISUP 
INVITE 

484 Address incomplete 

ACK ^ 



TP1 09002 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.8.10 


TSS reference: 


SIP-ISUP/Basic call/ Autonomous release at 1- 


MGCF 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


480 is sent if congestion in the SUT 






Ensure that the SUT in congestion on receipt of INVITE message: 




• sends an 480 Temporarily Unavailable message. 


SIP Parameter 
values: 




ISUP Parameter 
values: 




Comments: 


SIP SUT ISUP 
INVITE ^ 




480 Temporarily unavailable <■ 
ACK ^ 
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Tri 09003 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.8.10 


TSS reference: 


SIP-ISUP/Basic call/ Autonomous release at l-MGCF 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


500 is sent to due the compatibility procedure for unknown parameters 

Ensure that the call is released due to the BICC/ISUP compatibility procedure for unknown 
parameters: 




• sends 500 Server Internal Error. 




SIP Parameter 
values: 




I5^LJP PftramptAr 
values: 


Unknown parameter in ACM: Parameter compatibility "Release call" 


Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 

«■ ACM (???) 

500 Server internal error <■ REL 
ACK «■ RLC 



TP1 09004 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.8.10 


TSS reference: 


SIP-ISUP/Basic call/ Autonomous release at 1- 


MGCF 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


Call setup is cleared after T7 expiry 






Ensure that the call is released due to expiry of T7 within the BICC/ISUP procedures: 




• sends 484 Address Incomplete. 




SIP Parameter 

values: 




ISUP Parameter 
values: 




Comments: 


SIP SUT ISUP 
INVITE lAM 

Expiry of T7 

484 Address incomplete REL 
ACK ^ «■ RLC 
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Tri 09005 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.8.10 


TSS reference: 


SIP-ISUP/Basic call/ Autonomous release at l-MGCF 


SIP selection 
criteria: 




ISUP selection 
criteria: 


PICS 4/16 


Test purpose: 


Call setup is cleared after T9 expiry 






Ensure that the call is released due expiry of T9 within the BICC/ISUP procedures: 




• sends 480 Temporarily Unavailable. 




SIP Parameter 
values: 




ISUP Parameter 
values: 




Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 
180 Ringing «■ «■ ACM 

Expiry of T9 

480 Temporarily unavailable ■> REL 
ACK ^ «■ RLC 



TP1 09006 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.8.10 


TSS reference: 


SIP-ISUP/Basic call/ Autonomous release at 1- 


MGCF 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


500 is sent to due the compatibility procedure for unknown messages 

Ensure that the call is released due to the BICC/ISUP compatibility procedure for unknown 
messages: 




• sends 500 Server Internal Error. 




SIP Parameter 
values: 




ISUP Parameter 
values: 


XXX: Unknown message: message compatibility "Release call" 


Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 
180 Ringing «■ «■ ACM 

«■ XXX 

500 Server internal error ■> REL 
ACK ^ «■ RLC 
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6.2.1.10 Receipt of the Release message BYE / CANCEL 



TP1 10001 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.6 


TBS reference: 


SIP-ISUP/Basic call/ Receipt of the BYE message 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


BYE with Reason header received, sending of REL 

Ensure that the SUT on receipt of SIP BYE, the SUT shall send an ISUP REL to the ISUP 
side: 

• Ensure that the Reason header field with ITU-T Rec Q.850 [5] Cause Value Is 
included in the BYE message is mapped to the ISUP Cause Value field in the 
ISUP REL message with the location "network beyond interworking point". 


SIP Parameter 
values: 


Protocol-cause: CV_Reason Header (PIXIT) 


ISUP Parameter 


REL: cause value: CV_ISUP (PIXIT) 


Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 
180 Ringing «■ «■ ACM 
200 OK INVITE «■ «■ ANM 
ACK ^ 




BYE ^ 
200 OK BYE «■ 


^ REL 
«■ RLC 



TP1 10002 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.6 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of the CANCEL message 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


CANCEL with Reason header received, sending of REL 

Ensure that the SUT on receipt of SIP CANCEL, the l-MGCF shall send an ISUP REL to the 
ISUP side. 

• Ensure that the Reason header field with ITU-T Rec Q.850 [5] Cause Value is 
included in the CANCEL message is mapped to the ISUP Cause Value field in the 
ISUP REL message with the location "network beyond intenworking point". 


SIP Parameter 
values: 




ISUP Parameter 
values: 


REL: cause value: CV_ISUP (PIXIT) 
location: "network beyond interworking point" 


Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 
180 Ringing «■ «■ ACM 




CANCEL ^ 
200 OK CANCEL «■ 
487 Request Terminated *■ 
ACK ^ 


^ REL 
«■ RLC 
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TP1 1 nnn'i 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.6 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of the BYE message 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


BYE without Reason header received, sending of REL 

Ensure that the SUT on receipt of SIP BYE without Reason header, the SUT shall send an 
ISUP REL to the ISUP side. 

Ensure that the the coding of the ISUP Cause Value is # 16 with the location "network 
beyond interworking point" if no reason header is containd in the SIP message. 


SIP Parameter 
values: 




ISUP Parameter 
values: 


REL: cause value: #1 6 


Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 
180 Ringing «■ «■ ACM 
200 OK INVITE «■ «■ ANM 
ACK ^ 




BYE ^ 
200 OK BYE «■ 


^ REL 
«■ RLC 



TP1 10004 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.6 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of the CANCEL message 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


CANCEL without Reason header received, sending of REL 

Ensure that the SUT on receipt of SIP CANCEL without reason header, the SUT shall send 
an ISUP REL to the ISUP side. 

Ensure that the the coding of the ISUP Cause Value is # 31 with the location "network 
beyond interworking point" if no reason header is containd in the SIP message. 


SIP Parameter 

values: 




ISUP Parameter 
values: 


REL: cause value: CV ISUP (PIXIT) 
location: LOC ISUP (PIXIT) 


Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 
180 Ringing «■ «■ ACM 




CANCEL ^ 
200 OK CANCEL «■ 
487 Request Terminated 
ACK 


^ REL 
«■ RLC 
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6.2.1 .1 1 Receipt of Reset circuit message (RSC), Circuit group reset message (GRS) 
or Circuit group blocking message (CGB) with the indication hardware failure 
oriented 



TP111001 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1 .8.9 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of Reset circuit message (RSC), Circuit group reset message 

^r^R^^ or Oirr*! lit nrr»iir\ hlool^inn moccnno /0(^R\ \A/ith tho inrlipation h3rH\A/3ro fniliiro nriontoH 
no^ ui oil LfUiL y 1 uu|j uiuoimi ly 1 1 icooctyc yov^oy vviii i ii lu ii luiuciuui i i icti uvvcti u ictiiuic; uiiui iiuu 


SIP selection 

1 Id ICl . 




ISUP selection 

^11 Id ICl ■ 




Test purpose: 


RSC received in tlie confirmed state, a BYE is sent 

Ensure that the SUT, when the communication is in the confirmed state, on receipt of a RSC 
message sends: 

• a BYE message if the SUT has already received an ACK for the 200 OK INVITE 
message which had it sent. 


SIP Parameter 
values: 




ISUP Parameter 
values: 




Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 
180 Ringing «■ «■ ACM 
200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE «■ «■ RSC 

200 OK BYE ^ ^ RLC 



TP111002 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.8.9 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of Reset circuit message (RSC), Circuit group reset message 
(GRS) or Circuit group blocking message (CGB) with the indication hardware failure oriented 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


GRS received in the confirmed state, a BYE is sent 

Ensure that the SUT, when the communication is in the confirmed state, on receipt of a GRS 
message sends: 

• a BYE message if the SUT has already received an ACK for the 200 OK INVITE 
message which had it sent. 


SIP Parameter 
values: 




ISUP Parameter 
values: 




Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 
180 Ringing «■ «■ ACM 
200 OK INVITE «■ «■ ANM 
ACK 

Conversation 

BYE «■ «■ GRS 

200 OK BYE ^ ^ GRA 
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TP111003 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.8.9 


TSS reference: 


SIP-ISUP/BasIc call/ Receipt of Reset circuit message (RSC), Circuit group reset message 
(GRS) or Circuit group blocking message (CGB) with the indication hardware failure oriented 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


CGB "Hardware failure oriented" received in ttie confirmed state, a BYE is sent 

Ensure that the SUT, when the communication is in the confirmed state, on receipt of a CGB 
message, with the Circuit Group Supervision Message Type Indicator coded as "hardware 
failure oriented", sends: 

• a BYE message if the SUT has already received an ACK for the 200 OK INVITE 
message which had it sent. 


SIP Parameter 

values: 




ISUP Parameter 
values: 


Circuit Group Supervision Message Type Indicator "hardware failure oriented" 


Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 
180 Ringing «■ «■ ACM 
200 OK INVITE «■ «■ ANM 
ACK 

Conversation 

BYE «■ «■ CGB 

200 OK BYE ^ ^ CGBA 



TP111004 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.8.9 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of Reset circuit message (RSC), Circuit group reset message 
(GRS) or Circuit group blocking message (CGB) with the indication hardware failure oriented 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


RSC received after 200 OK INVITE was sent and ACK is not received 

Ensure that the SUT, when an ANM was received, on receipt of a RSC message sends 
200 OK INVITE if the SUT has not yet received an ACK for the 200 OK INVITE. 

• the SUT shall wait until it receives the ACK for the 200 OK INVITE before sending 
the BYE. 


SIP Parameter 
values: 




ISUP Parameter 
values: 




Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 
180 Ringing «■ «■ ACM 
200 OK INVITE «■ «■ ANM 

«■ RSC 

ACK ^ ^ RLC 
BYE «■ 
200 OK BYE ^ 
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TP111005 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.8.9 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of Reset circuit message (RSC), Circuit group reset message 
(GRS) or Circuit group blocking message (CGB) with the indication hardware failure oriented 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


GRS received after 200 OK INVITE was sent and ACK is not received 

Ensure that the SUT, when an ANIVI was received, on receipt of a GRS message sends 
200 OK INVITE if the SUT has not yet received an ACK for the 200 OK INVITE. 

• The SUT shall wait until it receives the ACK for the 200 OK INVITE before sending 
the BYE. 


SIP Parameter 
values: 




ISUP Parameter 
values: 




Comments: 


SIP SUT ISUP 
INVITE lAM 
180 Ringing «■ «■ ACM 
200 OK INVITE «■ «■ ANM 

«■ GRS 

ACK GRA 
BYE «■ 

200 OK BYE ^ 



TP111006 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.8.9 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of Reset circuit message (RSC), Circuit group reset message 
(GRS) or Circuit group blocking message (CGB) with the indication hardware failure oriented 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


CGB "l-lardware failure oriented" received after 200 OK INVITE was sent and ACK is not 
received 

Ensure that the SUT, when an ANM was received, on receipt of a RSC message, with the 
Circuit Group Supervision Message Type Indicator coded as "hardware failure oriented", 

sends 

200 OK INVITE if the SUT has not yet received an ACK for the 200 OK INVITE. 

• The SUT shall wait until it receives the ACK for the 200 OK INVITE before sending 
the BYE. 


SIP Parameter 
values: 




ISUP Parameter 
values: 


Circuit Group Supervision Message Type Indicator "hardware failure oriented" 


Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 
180 Ringing «■ «■ ACM 
200 OK INVITE «■ «■ ANM 

«■ CGB 

ACK ^ ^ CGBA 
BYE «■ 

200 OK BYE ^ 



ETSI 



91 



ETSI TS 186 009-2 V2.1.1 (2009-03) 



TP111007 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.8.9 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of Reset circuit message (RSC), Circuit group reset message 
(GRS) or Circuit group blocking message (CGB) with the indication hardware failure oriented 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


RSC in the early dialogue received, a 500 is sent 

Ensure that the SUT, when at least one backward ISUP/BICC message relating to the call has 
already been received on receipt of a RSC message sends: 

• a 500 Server Internal Error on the SIP side. 


SIP Parameter 
values: 




ISUP 
Parameter 

values: 




Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 
180 Ringing «■ «■ ACM 

«■ RSC 

480 Temporarily Unavailable RLC 
ACK ^ 



TP111008 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.8.9 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of Reset circuit message (RSC), Circuit group reset message 
(GRS) or Circuit group blocking message (CGB) with the indication hardware failure oriented 


SiP seiection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


GRS in the early dialogue received, a 500 is sent 

Ensure that the SUT, when at least one backward ISUP/BICC message relating to the call has 
already been received on receipt of a GRS message sends: 

• a 500 Server Internal Error on the SIP side. 


SIP Parameter 
values: 




ISUP 

Parameter 
values: 




Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 
180 Ringing «■ «■ ACM 

«■ GRS 

480 Temporarily Unavailable GRA 
ACK ^ 



ETSI 



92 



ETSI TS 186 009-2 V2.1.1 (2009-03) 



TP111009 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.8.9 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of Reset circuit message (RSC), Circuit group reset message 
(GRS) or Circuit group blocl<ing message (CGB) with the indication hardware failure oriented 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


CGB "Hardware failure oriented" in the early dialogue received, a 500 is sent 

Ensure that the SUT, when at least one backward ISUP message relating to the call has 
already been received on receipt of a CGB message, with the Circuit Group Supervision 
Message Type Indicator coded as "hardware failure oriented", sends 

• a 500 Server Internal Error on the SIP side. 


SIP Parameter 
values: 




ISUP 
Parameter 
values: 




Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 
180 Ringing «■ «■ ACM 

«■ CGB 

480 Temporarily Unavailable «■ ^ CGBA 
ACK 



TP111010 


SIP reference: RFC 3261 [6] ISUP reference: 

ES 283 027 [1], clause 7.2.3.1.8.9 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of Reset circuit message (RSC), Circuit group reset message 
(GRS) or Circuit group blocking message (CGB) with the indication hardware failure oriented 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


GRS for more than one connections received, a BYE is sent for each connection 

Ensure that the SUT after receiving more than one INVITE sending an lAM message for each 
call association on receipt of a GRS message in the confirmed state, were the Range and 
Status Parameter value is bigger than "1": 

• the SUT shall send a BYE requests for each call association. 


SIP Parameter 
values: 




ISUP Parameter 
values: 




Comments: 


SIP SUT ISUP 

INVITE(I) ^ ^ lAM 
180 Ringing «■ «■ ACM 
200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

INVITE(2) lAM 
180 Ringing «■ «■ ACM 
200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

«■ GRS 

BYE(1) «■ ^ GRA 
200 OK BYE ^ 

BYE (2) «■ 
200 OK BYE ^ 



ETSI 



93 



ETSI TS 186 009-2 V2.1.1 (2009-03) 



TP111011 


SIP reference: RFC 3261 [6] ISUP reference: 

bb ^oo u^7 [1J, Clause 7.^.0.1.0.9 


TSS reference: 


SIP-ISUP/Basic call/ Receipt of Reset circuit message (RSC), Circuit group reset message 
(GRS) or Circuit group blocl<ing message (CGB) with the indication hardware failure oriented 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


CGB "Hardware failure oriented" for more than one connections received, a BYE is sent for 
each connection 

Ensure that the SUT after receiving more than one INVITE sending an lAM message for each 
call association on receipt of a CGB message in the confirmed state, with the Circuit Group 
Supervision Message Type Indicator coded as "hardware failure oriented" and were the 
Range and Status Parameter value Is bigger than "1": 

• the SUT shall send a BYE requests for each call association. 


SIP Parameter 
values: 




ISUP Parameter 
values: 




Comments: 


SIP SUT ISUP 

INVITE(1) ^ ^ lAM 
180 Ringing «■ ACM 
200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

INVITE(2) ^ ^ lAM 
180 Ringing «■ «■ ACM 
200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

«■ CGB 

BYE(1) «■ CGBA 
200 OK BYE ^ 

BYE (2) «■ 
200 OK BYE 



6.2.1 .12 Receipt of the Suspend message (SUS) network initiated 

Void. 

6.2.1 .13 Receipt of tine Resume message (RES) network initiated 

Void. 
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6.2.2 Interworking from ISUP to SIP 



6.2.2.1 Sending of the INVITE message 



TP301001 


SIP reference: RFC 3261 [6] ISUP reference: 

ES 283 027 [1], clause 7.2.3.2.1.4 


TBS reference: 


ISUP-SIP /Basic call/Sending of tlie INVITE message 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


lAM contains the complete Called party number and the sending complete indication, sending 
of INVITE 

Ensure that the SUT in Idle state, on receipt of an lAM message containing the complete 
called party number and the sending complete indication: 

• Sends the INVITE message. 


SIP Parameter 

values: 




ISUP Parameter 
values: 


lAIVI; Called party number: with sending complete indication 


Comments: 


ISUP/BICC SUT SIP 
lAM ^ ^ INVITE 
ACM «■ 180 Ringing 

Ringing tone 

ANM «■ «■ 200 OK INVITE 

ACK 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 



TP301002 


SIP reference: RFC 3261 [6] ISUP reference: 

ES 283 027 [1], clause 7.2.3.2.1.4 


TSS reference: 


ISUP-SIP /Basic call/Sending of the INVITE message 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


MM contains the maximum number of digits used in the national numbering plan, sending of 
INVITE 

Ensure that the SUT in Idle state, on receipt of an lAIVl message containing the maximum 
number of digits used in the national numbering plan: 

• sends the INVITE message. 


SIP Parameter 
values: 




ISUP Parameter 
values: 


lAM; Called party number: complete number 


Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 
ACIVI «■ 180 Ringing 

Ringing tone 

ANM «■ «■ 200 OK INVITE 

ACK 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 
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TP301003 


SIP reference- RFC 3261 r61 ISUP reference- 

1^ 1 1 1 WW ■ 111 W^ w 1 1 1 w 1 w 1 w 1 1 WW ■ 

ES 283 027 [1], clause 7.2.3.2.1.4 


TSS reference: 


ISUP-SIP /Basic call/Sending of the INVITE message 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


lAM contains a sufficient number of digits to route the call to thie called party, sending of 
INVITE 

Ensure that the SUT in Idle state, on receipt of an lAM message containing the complete 
called party number where the end of address signalling is determined by analysis of the 
called party number to indicate that a sufficient number of digits has been received to 
route the call to the called party: 

• sends the INVITE message. 


SIP Parameter 
values: 




ISUP Parameter 
values: 


lAM; Called party number: complete number 


Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 
ACM ^ ^180 Ringing 

Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 



TP301004 


SIP reference: RFC 3261 [6] ISUP reference: 

ES 283 027 [1], clause 7.2.3.2.1.4 


TSS reference: 


ISUP-SIP /Basic call/Sending of the INVITE message 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


lAM received, after timer Ti/w1 is expired , sending of INVITE 

Ensure that the SUT in Idle state, on receipt of an lAM message with the minimum number of 
digits required for routing the call have been received, by observing the timer Ti/w1 which has 
expired 

• sends the INVITE message. 


SIP Parameter 

values: 




ISUP Parameter 
values: 




Comments: 


ISUP/BICC SUT SIP 
lAM ^ 

"■"l/wi e^^Pii'y 

INVITE 

ACM «■ «■ 180 Ringing 

Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 
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TP301005 


SIP reference- RFC 3261 r61 ISUP reference- 

1^ 1 1 1 WW ■ 111 w^ w 1 1 1 w 1 w 1 w 1 1 WW ■ 

ES 283 027 [1], clause 7.2.3.2.1.2 


TSS reference: 


ISUP-SIP/Basic call/Sending of the INVITE message 


SIP selection 
criteria: 




ISUP selection 
criteria: 


PICS 1/3 


Test purpose: 


lAM received continuity check indicator is set to "continuity cliecl< not required", the INVITE 
is sent immediately 

Ensure ttiat the SUT in Idle state, on receipt of an lAM message with the complete called 
party number containing the Continuity Checl< indicator in the Nature of Connection 
Indicators parameter is set to indicate "continuity check not required": 

• sends a INVITE message. 


SIP Parameter 
values: 




ISUP Parameter 
values: 


lAIVI: Nature of Connection Indicators parameter is set to indicate "continuity check not 
required" 


Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 
ACM ^ 180 Ringing 

Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

REL BYE 

RLC «■ «■ 200 OK BYE 



TP301006 


SIP reference: RFC 3261 [6] ISUP reference: 

ES 283 027 [1], clause 7.2.3.2.1 .2 


TSS reference: 


ISUP-SIP/Basic call/Sending of the INVITE message 


SIP selection 
criteria: 


NOT PICS 4/1 1 


ISUP selection 
criteria: 


PICS 4/5 AND PICS 1/3 


Test purpose: 


lAM received continuity check indicator is set to " continuity ctiecl( required on this 
circuit", the INVITE is sent after COT "successful" is received 

Ensure that the SUT in Idle state, on receipt of an lAM message with the complete called 
party number containing the Continuity Checl< indicator in the Nature of Connection 
Indicators parameter which is set to "continuity checl( required on ttiis circuit': 

• Sends the INVITE after the receipt of the Continuity message with the Continuity 
Indicators parameter "continuity ctieclc successfui". 


SIP Parameter 
values: 




ISUP Parameter 
values: 


lAM: Nature of Connection Indicators parameter which is set to "continuity cliecl( required 
on this circuit' 

COT: Continuity Indicators parameter "continuity checic successful" 


Comments: 


ISUP/BICC SUT SIP 
lAM ^ 

COT(successful) ^ ^ INVITE 
ACM «■ «■ 180 Ringing 

Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

REL BYE 

RLC «■ «■ 200 OK BYE 
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TP301007 


SIP reference- RFC 3261 r61 ISUP reference- 

1^ 1 1 1 WW ■ 111 w^ w 1 1 1 w 1 w 1 w 1 1 WW ■ 

ES 283 027 [1], clause 7.2.3.2.1.2 


TSS reference: 


ISUP-SIP/Basic call/Sending of ttie INVITE message 


SIP selection 
criteria: 


PICS 4/5 AND NOT PICS 4/1 1 


ISUP selection 
criteria: 


PICS 1/3 


Test purpose: 


lAM received continuity cliecl< indicator is set to "continuity ctieck performed on previous 
circuit", the INVITE is sent after COT "successful" is received 

Ensure that the SUT in Idle state, on receipt of an lAM message with the complete called 
party number containing the Continuity Check indicator in the Nature of Connection 
Indicators parameter which is set to "continuity ctiecl( performed on previous circuit': 

• Sends the INVITE after the receipt of the Continuity message with the Continuity 
Indicators parameter "continuity cliecic successfuf. 


SIP Parameter 
values: 




ISUP Parameter 
values: 


\AM Nature of Connection Indicators parameter which is set to "continuity cliecl( performed 
on previous circuit' 

COT: Continuity Indicators parameter "continuity cliecic successful" 


Comments: 


ISUP/BICC SUT SIP 
lAM ^ 

COT(successful) ^ ^ INVITE 
ACM 4-180 Ringing 

Ringing tone 

ANM «■ «■ 200 OK INVITE 

ACK 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 
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TP301008 


SIP reference- RFC 3261 r61 ISUP reference- 

1^ 1 1 1 WW ■ 111 w^ w 1 1 1 w 1 w 1 w 1 1 WW ■ 

ES 283 027 [1], clause 7.2.3.2.1.2, 7.2.3.2.3 


TSS reference: 


ISUP-SIP/Basic call/Sending of the INVITE message 


SIP selection 
criteria: 


PICS 4/5 AND PICS 4/1 1 


ISUP selection 
criteria: 


PICS 1/3 AND PICS 4/2 


Test purpose: 


lAM continuity chiecl< required received, precondition request in tiie INVITE 

Ensure that the SUT In Idle state, on receipt of an lAM message where the Continuity Check 
indicator in the Nature of Connection Indicators parameter In the lAM Is set to Indicate 
"continuity check required on this circuit': 

• sends an INVITE message with precondition using the SDP offer in the INVITE. The 
SDP offer or answer carrying the confirmation of a precondition being met Is sent 
when the Continuity message with the Continuity Indicators parameter set to 
"continuity check successfut'was received and the requested preconditions are 
met in the SIP networl<. 


SIP Parameter 
values: 


INVITE: Require: precondition 

SDP a=curr:qos local none 
a=curr:qos remote none 
a=des:qos mandatory local sendrecv 
a=des:qos none remote sendrecv 

183: Require: lOOrel 

SDP a=curr:qos local none 
a=curr:qos remote none 
a=des:qos mandatory local sendrecv 
a=des:qos mandatory remote sendrecv 
a=conf :qos remote sendrecv 

UPDATE: 

SDP a=curr:qos local sendrecv 
a=curr:qos remote none 
a=des:qos mandatory local sendrecv 
a=des:qos mandatory remote sendrecv 

200 OK UPDATE 

SDP a=curr:qos local sendrecv 
a=curr:qos remote sendrecv 
a=des:qos mandatory local sendrecv 
a=des:qos mandatory remote sendrecv 


ISUP Parameter 
values: 


lAIVI: Nature of Connection Indicators parameter which is set to "continuity check required 
on this circuit' 

COT: Continuity Indicators parameter "continuity check successful" 


Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 

1 83 Session Progress 
^ PRACK 
«■ 200 OK PRACK 

COT ^ ^ UPDATE 

«■ 200 OK UPDATE 

ACM «■ «■ 180 Ringing 

^ PRACK 
<■ 200 OK PRACK 

Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

REL BYE 

RLC «■ «■ 200 OK BYE 
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TP301009 


SIP reference- RFC 3261 161 ISUP reference- 

1^ 1 1 1 WW ■ 111 w^ w 1 1 1 w 1 w 1 w 1 1 WW ■ 

ES 283 027 [1], clause 7.2.3.2.1.2, 7.2.3.2.3 


TSS reference: 


ISUP-SIP/Basic call/Sending of the INVITE message 


SIP selection 
criteria: 


PICS 4/5 AND PICS 4/1 1 


ISUP selection 
criteria: 


PICS 1/3 AND PICS 4/2 


Test purpose: 


lAM continuity check performed on a previous circuit received, precondition request in the 
INVITE 

Ensure that the SUT in Idle state, on receipt of an lAIVI message where the Continuity Checl< 
indicator in the Nature of Connection Indicators parameter in the lAIVI is set to indicate 
"continuity clieci< performed on previous circuit': 

• sends an INVITE message with precondition using the SDP offer in the INVITE. The 
SDP offer or answer carrying the confirmation of a precondition being met is sent 
when the Continuity message with the Continuity Indicators parameter set to 
"continuity checl< successfut' was received and the requested preconditions are 
met in the SIP networl<. 


SIP Parameter 
values: 


INVITE: Require: precondition 

SDP a=curr:qos local none 
a=curr:qos remote none 

a=des:qos mandatory local sendrecv 
a=des:qos none remote sendrecv 

183: Require: lOOrel 

SDP a=curr:qos local none 
a=curr:qos remote none 
a=des:qos mandatory local sendrecv 
a=des:qos mandatory remote sendrecv 
a=conf:qos remote sendrecv 

UPDATE: 

SDP a=curr:qos local sendrecv 
a=curr:qos remote none 
a=des:qos mandatory local sendrecv 
a=des:qos mandatory remote sendrecv 

200 OK UPDATE 

SDP a=curr:qos local sendrecv 
a=curr:qos remote sendrecv 
a=des:qos mandatory local sendrecv 
a=des:qos mandatory remote sendrecv 


ISUP Parameter 
values: 


lAIVI Nature of Connection Indicators parameter which is set to "continuity check performed 
on previous circuit' 

COT: Continuity Indicators parameter "continuity cfieck successful" 


Comments: 


ISUP/BICC SUT SIP 
lAM ^ ^ INVITE 

1 83 Session Progress 

^ PRACK 

«■ 200 OK PRACK 
COT ^ ■» UPDATE 

«■ 200 OK UPDATE 
ACM «■ «■ 180 Ringing 

^ PRACK 

200 OK PRACK 

Ringing tone 

ANM «■ «■ 200 OK INVITE 

ACK 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 
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TP301010 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.2.1.3 


TSS reference: 


ISUP-SIP/Basic call/Sending of the INVITE message 


SIP selection 
criteria: 


PICS 4/20 


ISUP selection 
criteria: 




Test purpose: 


Support of Information Request message (INR) 

Ensure that if no calling party number is received in the incoming lAM message, the 0-MGCF 
sends an INR message to request the calling party number and not sends the INVITE request 
until receiving an INF message with calling party number. If no calling party number is 
received in the INF message, 0-MGCF may reject or continue the call based on local 
configuration. 


SIP Parameter 

values: 




ISUP Parameter 
values: 




Comments: 


ISUP/BICC SUT SIP 
lAM ^ 
INR «■ 

IMP ^ 

^ INVITE 

ACM «■ «■ 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 
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TP301011 


SIP reference: RFC 3261 [6] 






ISUP reference: 






ES 283 027 [1], clause 7.2.3.2.1a 


TSS 
reTerence. 


ISUP-SIP/Basic call/Sending of the INVITE message 


SIP selection 










criteria: 










ISUP 
selection 










criteria: 










Test 


Sending of INVITE without determining the end of address signalling 


purpose: 


Ensure that if the 0-MGCF sends an INVITE request before the end of address signalling is 
determined, the 0-IVIGCF shall: 




- start timer Ti/w2; and 










- be prepared to process SAM 

- be prepared to handle incoming SIP 404 or 484 error. 








On receipt of a SAIVI from the ISUP side, the 0-MGCF shall: 






stop timer Ti/w3 (if it is running); 

send an INVITE request complying to the following: 

- The INVITE request shall include all digits received so far for this call in the Request-URI. 
restart Ti/w2. 


SIP 
Parameter 










values: 










ISUP 

Pfirfi motor 










values: 










Comments: 


ISUP/BICC SUT 




SIP 




lAM ^ 






INVITE 

404/484 

ACK 




SAM ^ 






INVITE 

404/484 

ACK 




SAM ^ 






INVITE 




ACM «■ 

Ringing tone 

ANM «■ 




180 Ringing 
200 OK INVITE 










ACK 




Conversation 








REL ^ 






BYE 




RLC «■ 






200 OK BYE 
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XDOA4 AH O 


oir reterence: Kro o^oi [oj loUr reterence: 

ES 283 027 [1], clause 7.2.3.2.2.2 


TSS reference: 


ISUP-SIP/Basic call/ Sending of the INVITE message 


SIP selection 
criteria: 


Based on table 8 


iSUP selection 
criteria: 




Test purpose: 


Mapping of TMR into the SDP in the sent INVITE 

Ensure that the BUT in the Idle state on receipt of a lAM message, with the Transmission 
Medium Requirement (TMR) parameter set to TMR_VAHJE: 

• sends an INVITE message containing the media description defined with the "a=" 
"b=" and "m=" lines set to a b m LINE VALUE. 


SIP Parameter 
values: 


INVITE: a_b_m_LINE_VALUE 


ISUP Parameter 

values: 


lAM: TMR: ISUP_TMR 


Comments: 


ISUP/BICC SUT SIP 
lAM ^ ^ INVITE 
ACM ^ ^180 Ringing 

Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 



TP301013 


SIP reference: RFC 3261 [6] ISUP reference: 

ES 283 027 [1], clause 7.2.3.2.2.2 


TSS reference: 


ISUP-SIP/Basic call/ Sending of the INVITE message 


SIP selection 
criteria: 


Based on table 9 


ISUP selection 
criteria: 




Test purpose: 


Mapping of US! into the SDP in the sent INVITE 

Ensure that the SUT in the Idle state on receipt of an lAM message, with the user 
information parameter set to USI_VALUE: 

• sends an INVITE message, with the media description defined with the "a = " "b=" 
and "m=" lines set to a b m LINE VALUE. 


SIP Parameter 
values: 


INVITE: a_b_m_LINE_VALUE 


ISUP Parameter 
values: 


lAM: USI: ISUP_USI 


Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 
ACM «■ «■ 180 Ringing 

Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

REL BYE 

RLC «■ «■ 200 OK BYE 
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roU1U14 


oir reterence: Kro o^oi [oj loUr reterence: 

ES 283 027 [1], clause 7.2.3.2.2.2 


TSS reference: 


ISUP-SIP/Basic call/ Sending of the INVITE message 


SIP selection 
criteria: 


PICS 2/8 


iSUP selection 
criteria: 




Test purpose: 


SDP offer using the AMR codec 

Ensure that the SUT in the Idle state on receipt of an lAIVI message indicating a speech 
call, with the user information parameter set to USI_VALUE: 

• sends an INVITE message, with the AMR codec. 


SIP Parameter 
values: 


Offer: m=audio RTP/AVP dynimac PT 

a = rtpmap dynimac PT AMR 
Answer: m=auclio RTP/AVP dynimac PT 
a = rtpmap dynimac PT AMR 


ISUP Parameter 
values: 


lAM: USI= USLVALUE (PIXIT) 


Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 
ACM 180 Ringing 

Ringing tone 

ANM «■ «■ 200 OK INVITE 

ACK 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 



TP301015 


SIP reference: RFC 3261 [6] ISUP reference: 

ES 283 027 [1], clause 7.2.3.2.2.2 


TSS reference: 


ISUP-SIP/Basic call/ Sending of the INVITE message 


SIP selection 
criteria: 


NOT PICS 2/8 


ISUP selection 
criteria: 




Test purpose: 


No AMR codec in ttie SDP, when no equipment implements the AMR codec 

Ensure that the SUT in the Idle state on receipt of an lAM message indicating a speech 
call, with the user information parameter set to USI_VALUE and the IMS network serves 
that no user equipment implements the AMR codec, then the AMR codec shall be 

excluded from the SDP offer. 


SIP Parameter 
values: 


INVITE: SDP no AMR codec 


ISUP Parameter 
values: 


lAM: USk USLVALUE (PIXIT) 


Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 
ACM «■ «■ 180 Ringing 

Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 
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Table 8 



Values for test purposes TP301012 




ISUP 


SDP-a b m LINE VALUE 




TMR parameter 


m= line 


b= line 


a= line 




TMR codes 


<medla> 


<transport> 


<fmt-llst> 


<modifier>: 
<bandwidt 
h-value> 


rtpmap:<dynamic-PT> <encoding naine>/<clock 
rate>[/encoding parameters> 


VA_01 


M |_ M 

speech 


Audio 


RTP/AVP 


(and possibly 8) 


AS:64 


rtpmap:0 PCMU/8000 
(and possibly 
rtpmap:8 PCMA/8000) 


VA_02 


"speech" 


Audio 


RTP/AVP 


Dynamic PT (and possibly a 
second Dynamic PT) 


AS:64 


rtpmap:<dynamic-PT> PCMLI/8000 

(and possibly rtpmap:<dynamic-PT> PCMA/8000) 


VA Uo 


"speech" 


Audio 


RTP/AVP 


8 


AS:64 


rtpmap:8 PCMA/8000 


VA 04 


"speech" 


Audio 


RTP/AVP 


Dynamic PT 


AS: 64 


rtpmap:<dynamic-PT> PCMA/8000 


VA_05 


3,1 KHz audio 


Audio 


RTP/AVP 


and/or 8 


AS:64 


rtpmap:0 PCMU/8000 and/or 
rtpmap.o rUMA/HUUU 


VA_06 


"3,1 KHz audio" 


Audio 


RTP/AVP 


(and possibly 8) 


AS:64 


rtpmap:0 PCMU/8000 

(and possibly rtpmap:8 PCMA/8000) 


VA 07 


"3,1 KHz audio" 


Audio 


RTP/AVP 


8 


AS:64 


rtpmap;8 PGMA/8000 


VA_08 


"64 kbit/s 
unrestricted" 


Audio 


RTP/AVP 


9 


AS:64 


rtpmap:9 G722/8000 


VA_9 


"64 WtiWIs 
unrestricted" 


Audio 


RTP/AVP 


Dynamic PT 


AS:64 


rtpmap:<dynamic-PT> CLEARMODE/8000 
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Values for test pur 


poses TP301012, TP301013 


VA 


ISUP 


SDR -a b m LINE VALUE 






USI parameter 


HLC IE In 

ATP 

Mir 


m= line 


b= line 


a= line 




TMR 


Information 
Transport 

OapaUllliy 


User 
Information 
Layer 1 

Indicator 


High Layer 
CharacterlstI 
cs 

Identification 


<media> 


<transport 
> 


<fmt-list> 


<modifier>: 
<bandwidth 
-value> 


rtpmap:<dynamic-PT> 
<encodlng name>/<clock 
rate>[/encodlng parameters> 


\/A n-\ 

VM_U 1 


spGGcn 




"fi 71 1 ii-law" 
\j. 1 1 1 fj idvv 


ignore 


ctuuiu 


RTP/AVP 


D (and 

possibly 8) 
(NOTE 1) 




iipmap.U rL/lvlU/c5UUU 

(and possibly rtpmap:8 

r O IVI/-V OUUU ) 

(see note 1 ) 


VA_02 




"Speech" 


"G.71 1 tj-law" 




audio 


RTP/AVP 


Dynamic PT 
(and possibly 

Dynamic PT) 
(NOTE 1) 




rtnman "^Hx/n am IP- PT"^ 

1 L|Ji 1 iCl|J.VUy 1 ICtl 1 IILf r 1 ^ 

PCMU/8000 

(and possibly rtpmap:<dynamic- 
PT> PCIVIA/BOOO) 
( cpp nntp 1 ^ 


VA 03 


"speech" 


"Speech" 


"G.711 A-law" 


Ignore 


audio 


RTP/AVP 


8 


AS:64 


rtpmap:8 PCMA/8000 


VA_04 






"G 71 1 A-law" 

V_^. ill / I ICIVr 


ly I lUI c 


ai irlin 


RTP/AVP 


rix/njimir' PX 
L^yiidiiiiLr 1 1 




ft n m 3 n ■ ^ H \ / n 3 rn i c - P T"^ 
1 t[JI 1 ICi|J.<iUy 1 Ictl MILr r 1 ^ 

PCMA/8000 


VA_05 


'"^ 1 kH7 
o, 1 i\n^ 

audio" 


1 1^1 Ahcipnt 

UOI /AUoCi 1 L 




1 n n rt 
ly I lui c 


ai iHin 

CiUUlU 


RTP/AVP 

n 1 I 1 r\\l \ 


Q 
O 


r\o.\jH 


1 l|JI 1 ICt|J.O 1 \j\vlr\l 0\J\J\J 


VA_06 


audio" 


"3, 1 kHz audio" 


"G.711 iJ-law" 


/MHTF 
yi\\j \ n. o) 


audio 


RTP/AVP 


(and 

|juooiuiy Of 

(NOTE 1) 


A^? f;4 


lipiMdp.U r wIVIU/OUUU 

(and possibly rtpmap:8 

PCMA/8000) 

( cpp nntp 1 \ 


VA 07 


"3, 1 l<Hz 
audio" 




"d 71 1 A-law" 


(NOTE 3) 




RTP/AVP 

n 1 I 1 r\ V I 


Q 
w 


AS:64 


rtpmap:8 PCMA/8000 


VA_08 


Of I r\n^ 

audio" 


"3,1 kHz audio" 




"Fsi c /m / 

Group 2/3" 


image 


udpti 


t38 




Rflcpri nn ITI l-T 

Recommendation T.38 [31]. 


VA_09 


"3, 1 l<Hz 
audio" 


"3,1 kHz audio" 




"Facsimile 

Group 2/3" 


image 


tcpti 


t38 


AS:64 


Based on ITU-T 
Recommendation T.38 [31] 


VA_10 


"64 l<bit/s 
unrestricted" 


"Unrestricted 

digitai inf. 
W/tone/ann. " 


N/A 


Ignore 


audio 


RTP/AVP 


9 


AS:64 


rtpmap:9 G722/8000 


VA_11 


"64 kbit/s 
unrestricted" 


"Unrestricted 
digital information" 


N/A 


Ignore 


audio 


RTP/AVP 


Dynamic PT 


AS:64 


rtpmap:<dynamic-PT> 
CLEARMODE/8000 
(see note 2) 


NOTE 1 Both PCMA and PCMU could be required. 
NOTE 2 CLEARMODE is specified in RFC 4040 [1 9]. 

NOTE 3 HLC is normally absent in this case. It is possible for HLC to be present with the value "Telephony", although 6.3.1/Q.939 indicates that this would normally 
be accompanied by a value of "Speech" for the Information Transfer Capability element. 
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TP301016 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.2.2.2 


TSS reference: 


ISUP-SIP/Basic call/ Sending of the INVITE message 


SIP selection 
criteria: 


PICS 2/8 


ISUP selection 
criteria: 




Test purpose: 


The SUT defines the RS and RR bandwidth modifiers when AMR codec is used 

Ensure that the if the 0-MGCF determines that a speech call is incoming, the 0-MGCF 
shall include the AMR codec and provides SDP RR and RS bandwidth modifiers specified 
in RFC 3556 [17] to disable RTCP. 


SIP Parameter 
values: 


INVITE: SDP b=RS:<bandwidth-value> 
b=RR:<bandwidth-value> 


ISUP Parameter 

values: 




Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 
ACM «■ 180 Ringing 

Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

REL BYE 

RLC «■ «■ 200 OK BYE 



TP301017 


SIP reference: RFC 3261 [6] ISUP reference: 

ES 283 027 [1], clause 7.2.3.2.2.1 


TSS reference: 


ISUP-SIP/Basic call/ Sending of the INVITE message 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


Mapping of Called party number into the To header user=phone is included 

Ensure that the SUT is mapping the Called Party address information contained in the 
Called Party Number parameter of the lAM: 

• to the addr-spec component of the To header field which shall include the 
"user=phone" URI parameter if the To header field contains a sip: URI. 


SIP Parameter 
values: 


INVITE: To: sip: user=phone 


ISUP Parameter 
values: 




Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 
ACM «■ «■ 180 Ringing 

Ringing tone 

ANM «■ «■ 200 OK INVITE 

ACK 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 
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XDOA4 AH Q 

Tr301 01 o 


oir reterence: Kro ozoi [oj loUr reterence: 

ES 283 027 [1], clause 7.2.3.2.2.1 


TSS reference: 


ISUP-SIP/Basic call/ Sending of the INVITE message 


SIP selection 
criteria: 




iSUP selection 
criteria: 




Test purpose: 


Mapping of Called party number into the To header received digits in the addr-spc 
component 

Ensure that the SUT is mapping the Called Party address information contained in the 
Called Party Number parameter of the lAM and the and the followed SAM: 

• to the addr-spec component of the To header field. 


SIP Parameter 
values: 


INVITE: To: 


ISUP Parameter 

values: 




Comments: 


ISUP/BICC SUT SIP 
lAM ^ ^ INVITE 
ACM ^ ^180 Ringing 

Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 



TP301019 


SIP reference: RFC 3261 [6] ISUP reference: 

ES 283 027 [1], clause 7.2.3.2.2.1 


TSS reference: 


ISUP-SIP/Basic call/ Sending of the INVITE message 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


Mapping of Called party number into the To header as a SIP URI 

Ensure that the SUT is mapping in the Called Party Number parameter contained in the 
Called Party address information of the lAM and followed SAM: 

• to the addr-spec component of the To header field which shall include the 
"user=phone" URI parameter if the To header field contains a sip: URI. 


SIP Parameter 
values: 


INVITE: To: sip: user=phone 


ISUP Parameter 
values: 




Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 

«■ 404/484 
^ ACK 

SAM ^ ^ INVITE 

ACM «■ «■ 180 Ringing 

Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

REL BYE 

RLC «■ «■ 200 OK BYE 
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XDOA4 AOn 


oir reterence: Kro o2oi [oj loUr reterence: 

ES 283 027 [1], clause 7.2.3.2.2.4 


TSS reference: 


ISUP-SIP/Basic call/ Sending of the Initial Address message (lAM)/ 


SIP selection 
criteria: 




iSUP selection 
criteria: 


PICS 4/5 


Test purpose: 


Mapping of HOP counter into ttie Max-Fonvards header 

Ensure that if the Hop Counter procedure is supported in the CS network, the 0-MGCF 
shall use the Hop Counter parameter to derive the Max-Fonwards SIP header. Due to the 
different default values (that are based on network demands/provisions) of the SIP Max- 
Forwards header and the Hop Counter, an adaptation mechanism shall be used to adopt 
the Hop Counter to the Max Forwards at the 0-MGCF. 

Max-Forwards for a given message should be monotone decreasing with each successive 
visit to a SIP entity, regardless of intervening interworking, and similarly for Hop Counter. 


SIP Parameter 

values: 




ISUP Parameter 
values: 




Comments: 


ISUP/BICC SUT SIP 
lAM ^ ^ INVITE 
ACM ^ ^180 Rinninn 

#^^^IVI ^ ^ 1 \J\J 1 111 l^ll Im 

Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

REL BYE 

RLC «■ «■ 200 OK BYE 


Table 10: Hop counter-Max forwards 


Hop Counter = X Max-Forwards = Y = Integer part of (X * Factor) 



NOTE: The Mapping of value X to Y should be done with the used (implemented) adaptation mechanism. 
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XDOA4 AOH 


oir reterence: Kro ozoi [oj loUr reterence: 

ES 283 027 [1], clause 7.2.3.2.2.1 


TSS reference: 


ISUP-SIP/Basic call/ Sending of the INVITE message 


SIP selection 
criteria: 




iSUP selection 
criteria: 


PICS 1/6 


Test purpose: 


Mapping of a "international number" into the To header and Request URI 

Ensure that the called party number parameter of the lAM message is used to derive 
Request URI and To header of the INVITE Request. If the Request URI is a tel URI with 
"user=phone" it shall contain an International public telecommunication number prefixed by 
a "+" sign (e.g. tel:+491 1231234567). 

If the Request URI is a sip URI with "user=phone" it shall contain an International public 
telecommunication number prefixed by a "+" sign and a host portion (e.g. 
sip:+4911231234567@host). 

Ensure that the SUT is mapping the Called Party address information contained in the 
Called Party Number parameter, Nature of address = "International number" of the 

lAM: 

• to the format of the To header field and Request URI inserting "+" before the 
Addess signal. 


SIP Parameter 
values: 


INVITE: To: Request URI 


ISUP Parameter 
values: 




Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 
ACM ^ ^ 180 Ringing 

Ringing tone 

ANM «■ «■ 200 OK INVITE 

ACK 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 
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XDOA4 AOO 


oir reterence: Kro o^oi [oj loUr reterence: 

ES 283 027 [1], clause 7.2.3.2.2.1 


TSS reference: 


ISUP-SIP/Basic call/ Sending of the INVITE message 


SIP selection 
criteria: 




iSUP selection 
criteria: 


NOT PICS 1/6 


Test purpose: 


Mapping of Called party number "national (significant) number" into tfie To tieader and 
Request URI user=phone is included 

Ensure that the called party number parameter of the lAM message is used to derive 
Request URI of the INVITE Request. The Request URI is a tel URI with "user=phone" and 
shall contain an International public telecommunication number prefixed by a "+" sign (e.g. 
tel:+491 1231 234567). 

If the Request URI is a sip URI with "user=phone" it shall contain an International public 
telecommunication number prefixed by a "+" sign and a host portion (e.g. 
sip:+4911231234567@host). 

Ensure that the SUT is mapping the Called Party address information contained in the 
Called Party Number parameter, Nature of address = "National (significant) number" 
of the lAM: 

• to the format of the To header field and Request URI inserting + CC before the 
Addess signal; 

• the format of the To header field is "+CC+NDC+SN". 


SIP Parameter 
values: 


INVITE: To: ... 


ISUP Parameter 
values: 




Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 
ACM 180 Ringing 

Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 
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XDOA4 AOO 

Tr301 023 


oir reterence: Kro o2oi [oj loUr reterence: 

ES 283 027 [1], clause 7.2.3.2.2.7 


TSS reference: 


ISUP-SIP/BasIc call/ Sending of the INVITE message 


SIP selection 
criteria: 


PICS 4/18 


iSUP selection 
criteria: 




Test purpose: 


Mapping of USI parameter into PSTN XML BearerCapability 

Ensure that the SUT in Idle state, on receipt of an lAM message User Service 
Information (USI) set to USLVALUE: 

• sends the INVITE message with the PSTN XML Bearer Capability (BC) set to 
USI VALUE. 


SIP Parameter 
values: 


INVITE; PSTN XML BearerCapability (BC): USLVALUE (PIXIT) 


ISUP Parameter 

values: 


lAM; USI: USLVALUE (PIXIT) 


Comments: 


ISUP/BICC SUT SIP 
lAM ^ ^ INVITE 
ACM ^ ^180 Ringing 

Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 



TP301024 


SIP reference: RFC 3261 [6] ISUP reference: 

ES 283 027 [1], clause 7.2.3.2.2.7 


TSS reference: 


ISUP-SIP/Basic call/ Sending of the INVITE message 


SIP selection 
criteria: 


PICS 4/18 


ISUP selection 
criteria: 




Test purpose: 


Mapping of USI and USI prime parameter into PSTN XML BearerCapability 

Ensure that the SUT in Idle state, on receipt of an lAM message USI set to "speech" and 
the USI Prime set to "unrestricted digital information with tones and announcements": 

• sends the INVITE message with the first PSTN XML BearerCapability set to 

"speech" (the USI value) and the second PSTN XML BearerCapability set to 

"unrestricted digital information with tones and announcements" (the USI prime 
value). 


SIP Parameter 
values: 


INVITE; first PSTN XML Bearer Capability: speech 

second PSTN XML Bearer Capability: unrestricted digital information with 
tones and announcements 


ISUP Parameter 
values: 


lAM; USI: speech 

USI Prime: unrestricted digital information with tones and announcement 


Comments: 


ISUP/BICC SUT SIP 
lAM ^ ^ INVITE 
ACM «■ «■ 180 Ringing 

Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 
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roUl 025 


oir reterence: Kro o^on [oj loUr reterence: 

ES 283 027 [1], clause 7.2.3.2.2.8 


TSS reference: 


ISUP-SIP/BasIc call/ Sending of the INVITE message 


SIP selection 
criteria: 


PICS 4/18 


iSUP selection 
criteria: 




Test purpose: 


Mapping of FCI "ISUP not used all the way" into PSTN XML Progresslndicator #1 

Ensure that the SUT in Idle state, on receipt of an lAM message containing the ISUP 
indicator set to "ISUP not used all the way": 

• sends INVITE message with the PSTN XML Progresslndicator set to call is not 
end-to-end ISDN: further call progress information is available in-band (#1)". 


SIP Parameter 
values: 


INVITE; 

PSTN XIUIL Progresslndicator: call is not end-to-end ISDN: further call progress 
information is available in-band (#1 ) 


ISUP Parameter 
values: 


lAM; ISUP indicator: ISUP not used all the way 


Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 
ACM 180 Ringing 

Ringing tone 

ANM «■ «■ 200 OK INVITE 

ACK 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 



TP301026 


SIP reference: RFC 3261 [6] ISUP reference: 

ES 283 027 [1], clause 7.2.3.2.2.8 


TSS reference: 


ISUP-SIP/Basic call/ Sending of the INVITE message 


SIP selection 
criteria: 


PICS 4/18 


ISUP selection 
criteria: 




Test purpose: 


Mapping of FCI "Originating access non ISDN" into PSTN XML Progresslndicator #3 

Ensure that the SUT in Idle state, on receipt of an lAM message containing the ISUP 
indicator set to "ISUP used all the way" and the ISDN access indicator set to "originating 
access non-ISDN": 

• sends the INVITE message with the PSTN XIUIL Progresslndicator se tot 
"Originating access is non ISDN (#3)". 


SIP Parameter 
values: 


INVITE: 

PSTN XML Progresslndicator: Originating access is non ISDN (#3) 


ISUP Parameter 
values: 


lAM; 

ISUP indicator: ISUP used all the way 

ISDN access indicator: originating access non-ISDN 


Comments: 


ISUP/BICC SUT SIP 
lAM ^ ^ INVITE 
ACM «■ «■ 180 Ringing 

Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 
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XDOA4 AO? 


oir reterence: Kro ozoi [oj loUr reterence: 

ES 283 027 [1], clause 7.2.3.2.2.8 


TSS reference: 


ISUP-SIP/Basic call/ Sending of the INVITE message 


SIP selection 
criteria: 


PICS 4/18 


iSUP selection 
criteria: 




Test purpose: 


Mapping of FCI "ISUP used all the way" and "Originating access non ISDN" into PSTN 
XML Progresslndicator #3 

Ensure that the SUT In Idle state, on receipt of an lAM message containing the ISUP 
indicator set to "ISUP used all the way" and the ISDN access indicator set to "originating 
access non-ISDN", 

• sends the INVITE message with the PSTN XIWL ProgresslndicatorPSTN XML 
Progresslndicator set to "Originating access is non ISDN (#3)". 


SIP Parameter 
values: 


INVITE; PSTN XML ProgresslndicatorPSTN XML Progresslndicator: Originating 
access id non ISDN (#3) 


ISUP Parameter 
values: 


lAIVI; ISUP indicator: ISUP used all the way 

ISDN access indicator: originating access non-ISDN 


Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 
ACM ^ ^ 180 Ringing 

Ringing tone 

ANM «■ «■ 200 OK INVITE 

ACK 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 



TP301028 


SIP reference: RFC 3261 [6] ISUP reference: 

ES 283 027 [1], clause 7.2.3.2.2.8 


TSS reference: 


ISUP-SIP/Basic call/ Sending of the INVITE message 


SIP selection 
criteria: 


PICS 4/18 


ISUP selection 
criteria: 




Test purpose: 


Mapping of FCI "ISUP used all the way" and "Originating access ISDN" into PSTN XML 
Progresslndicator #6 

Ensure that the SUT in Idle state, on receipt of an lAM message containing the ISUP 
indicator set to "ISUP used all the way" and the ISDN access indicator set to "originating 
access ISDN" 

• sends the INVITE message with the PSTN XML Progresslndicator set to 

"originating access ISDN" (#6). 


SIP Parameter 
values: 


INVITE; PSTN XML Progresslndicator: "originating access ISDN" (#6) 


ISUP Parameter 
values: 


lAM; ISUP indicator: ISUP used all the way 
ISDN access indicator: originating access ISDN 


Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 
ACM «■ «■ 180 Ringing 

Ringing tone 

ANM «■ «■ 200 OK INVITE 

ACK 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 
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XDOA4 AOO 


oir reterence: Kro o2oi [oj loUr reterence: 

ES 283 027 [1], clause 7.2.3.2.2.8 


TSS reference: 


ISUP-SIP/Basic call/ Sending of the INVITE message 


SIP selection 
criteria: 


PICS 4/18 


iSUP selection 
criteria: 




Test purpose: 


Mapping of FCI "ISUP used all the way" and "Originating access ISDN" and ATP contains 
a Progress Indicator into PSTN XML Progresslndicator #6 

Ensure that the SUT In Idle state, on receipt of an lAM message containing the ISUP 
indicator set to "ISUP used all the way" and the ISDN access indicator set to "originating 
access ISDN and an Access Transport Parameter (ATP) containing progress indicator set 
to PLVALUE, 

• sends the INVITE message with the PSTN XML Progresslndicator set to 

"originating access ISDN" (#6) and PI_VALUE. 


SIP Parameter 
values: 


INVITE; PSTN XML Progresslndicator: "originating access ISDN" (#6) and PSTN XML 
Progresslndicator: PI_VALUE (PIXIT) 


ISUP Parameter 
values: 


lAM; ISUP indicator: ISUP used all the way 
ISDN access indicator: originating access ISDN 
ATP progress indicator: PI VALUE (PIXIT) 


Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 
ACM ^ ^180 Ringing 

Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

REL ^ BYE 

RLC «■ «■ 200 OK BYE 



TP301030 


SIP reference: RFC 3261 [6] ISUP reference: 

ES 283 027 [1], clause 7.2.3.2.2.8 


TSS reference: 


ISUP-SIP/Basic call/ Sending of the INVITE message 


SIP selection 
criteria: 


PICS 4/18 


ISUP selection 
criteria: 




Test purpose: 


Mapping of ATP contains a LLC into a PSTN XML LLC in tfie sent INVITE 

Ensure that the SUT in Idle state, on receipt of an lAM message containing the Access 
Transport Parameter (ATP) containing the Low Layer Compatibility (LLC) set to 
LLC_VALUE, 

• sends the INVITE message with the PSTN XML LowLayerCompatibility set to 

LLC VALUE. 


SIP Parameter 
values: 


the PSTN XML LowLayerCompatibility: LLC_VALUE (PIXIT) 


ISUP Parameter 
values: 


lAM; ATP LLC: LLC_VALUE (PIXIT) 


Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 
ACM «■ «■ 180 Ringing 

Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 
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XDOA4 AOH 

Tr301 031 


oir reterence: Kro ozoi [oj loUr reterence: 

ES 283 027 [1], clause 7.2.3.2.2.8 


TSS reference: 


ISUP-SIP/Basic call/ Sending of the INVITE message 


SIP selection 
criteria: 


PICS 4/18 


iSUP selection 
criteria: 




Test purpose: 


Mapping of ATP contains a HLC into a PSTN XML HLC in the sent INVITE 

Ensure that the SUT in Idle state, on receipt of an lAM message containing the Access 
Transport Parameter (ATP) containing the High Layer Compatibility (HLC) set to 

1 II /-\ \ / A 1 1 1 r 

HLC_vALUE, 

• sends the INVITE message with the PSTN XML HighLayerCompatibility set to 

HLC VALUE. 


SIP Parameter 
values: 


INVITE: PSTN XML HighLayerCompatibility: HLC_VALUE (PIXIT) 


ISUP Parameter 

values: 


lAM; ATP HLC: HLC_VALUE (PIXIT) 


Comments: 


ISUP/BICC SUT SIP 
lAM ^ ^ INVITE 
ACM ^ ^180 Ringing 

Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 



TP301032 


SIP reference: RFC 3261 [6] ISUP reference: 

ES 283 027 [1], clause 7.2.3.2.2.8 


TSS reference: 


ISUP-SIP/Basic call/ Sending of the INVITE message 


SIP selection 
criteria: 


PICS 4/18 


ISUP selection 
criteria: 




Test purpose: 


Mapping of User Teleservice Information parameter into a PSTN XML HLC in the sent 
INVITE 

Ensure that the SUT in Idle state, on receipt of an lAM message containing the User 
Teleservice containing the High Layer Compatibility (HLC) set to HLC_VALUE, 

• sends the INVITE message with the PSTN XML HighLayerCompatibility set to 

HLC VALUE. 


SIP Parameter 
values: 


INVITE: PSTN XML HighLayerCompatibility: HLC_VALUE (PIXIT) 


ISUP Parameter 

values: 


lAM; User Teleservice Information: HLC_VALUE (PIXIT) 


Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 
ACM «■ «■ 180 Ringing 

Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 
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XDOA4 AOO 

Tr301 033 


oir reterence: Kro ozoi [oj loUr reterence: 

ES 283 027 [1], clause 7.2.3.2.2.8 


TSS reference: 


ISUP-SIP/BasIc call/ Sending of the INVITE message 


SIP selection 
criteria: 


PICS 4/18 


ISUP selection 
criteria: 




Test purpose: 


Mapping of two HLC parameter contained in an ATP parameter into two PSTN XML 
HigliLayerCompatibility elements 

Ensure that the SUT in Idle state, on receipt of an lAM message containing the Access 
Transport Parameter (ATP) containing two HigPi Layer Compatibility (HLC) set to 

1 III % f A 1 II J 1 1 1 1 1 f A 1 II n~ A 

respectively HLC_VALUE1 and HLC_VALUE2, 

• sends the INVITE message with two PSTN XIUIL HIghLayerCompatiblllty in the 

_ _l III % # A 1 II l~~ M 1 1 1 1 1 # A 1 II f*~ 

same order HLC VALUE1 and HLC VALUE2. 


SIP Parameter 
values: 


INVITE; 

first PSTN XML HighLayerCompatibility: HLC VALUE1 (PIXIT) 
second PSTN XML HigtiLayerCompatibility: HLC_VALUE2 (PIXIT) 


ISUP Parameter 
values: 


lAIVI; 

ATP first HLC: HLC VALUE1 (PIXIT) 
ATP second HLC: HLC VALUE2 (PIXIT) 


Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 
ACM ^ ^180 Ringing 

Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

REL ^ BYE 

RLC «■ «■ 200 OK BYE 



TP301034 


SIP reference: RFC 3261 [6] ISUP reference: 

ES 283 027 [1], clause 7.2.3.2.2.8 


TSS reference: 


ISUP-SIP/Basic call/ Sending of the INVITE message 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


Mapping of calling party category into cpc parameter in tfie P-Aserted-ldentity 

Ensure that the SUT map the calling party category ISUP_CPC into the cpc SIP_CPC 
parameter in the P-Asserted-ldentity and Accept-Contact header parameter "language" 
SIP LANG. 


SIP Parameter 
values: 


INVITE; P-Asserted-ldentity, Accept-Contact 


ISUP Parameter 
values: 


lAM; Calling party category 


Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 
ACM «■ «■ 180 Ringing 

Ringing tone 

ANM «■ «■ 200 OK INVITE 

ACK 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 
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Values for test purposes TP301034 


ISUP_CPC 


SIP Parameters 


received calling party's category 


SIP_CPC in P-Asserted-ldentity 


SIP_LANG Accept- 
Contact 
'language' 


operator, language French 


operator 


French 


operator, language English 


operator 


English 


operator, language German 




Oul 1 llcil 1 


operator, language riussian 


operator 


Russian 


operator, language Spanish 


operator 


Spanish 


ordinary calling subscriber 


ordinary 




test call 


test 




payphone 


payphone 




mobile terminal located in the home PLMN 


cellular 




mobile terminal located in a visited PLMN 


cellular roaming 




lEPS call marking for preferential call set up 


ieps 





6.2.2.2 Receipt of the SAM message after INVITE has been send 



TP302001 


SIP reference: RFC 3261 [6] 


ISUP reference: 








ES 283 027 [1], clause 7.2.3.2.1.4 


TSS reference: 


ISUP-SIP/Basic call/Receipt of SAM after INVITE has been sent 


SIP selection 


PICS 3/1 






criteria: 








ISUP selection 


PICS 3/5 AND NOT PICS 3/8 




criteria: 








Test purpose: 


Overlap procedure not supported, SAM is ingnored 

Ensure if the SUT is supporting en bloc addressing towards the SIP network, subsequent 
SAMs received after the SUT has sent the INVITE are ignored. 


SIP Parameter 
values: 




ISUP Parameter 
values: 


SAM; subsequent number (PIXIT) 


Comments: 


ISUP/BICC 


SUT 


SIP 




lAM 




^ INVITE 




SAM 








ACM 
ANM 


«■ 

Ringing tone 
«■ 


<■ 180 Ringing 

«■ 200 OK INVITE 
^ ACK 






Conversation 








^ BYE 




RLC 




«■ 200 OK BYE 
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TP302002 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clauses 7.2.3.2.1a and 
7.2.3.2.1.4 


TSS reference: 


ISUP-SIP/Basic call/Receipt of SAM after invite has been sent 


SIP selection 
criteria: 


PICS 3/2 


ISUP selection 
criteria: 


PIGS 3/8 


Test purpose: 


Overlap procedure supported by determining the end of address signalling, sending complete 
indication received 

Ensure that the SUT in Idle state, on receipt of an lAM message containing the Continuity 
Checl< indicator in the Nature of Connection Indicators parameter which is set to indicate 
"continuity check not required" on receipt of a SAIVI containing the complete called party 
number and the sending complete indication and the SUT 

On receipt of a SAM from the ISUP the SUT shall: 

Stop timer T0IW3 (if it is running). 

T0IW2 shall be restarted and the SUT shall invol<e the following procedures: 

a) The Request-URI and the To header field of the new INVITE shall contain all digits 
received so far for this call. 

b) A new INVITE with the same Call-ID and From header (including tag) as the previous 
INVITE is sent. 

c) The new INVITE shall contain a new SDP offer. The O-MGCF may re-use any 
resources that have already been reserved for this call. This re-use of existing 
reserved resources shall be reflected within the precondition attributes for the SDP 

parameters in question. 

d) All other contents of the new INVITE are interworked from the parameters of the 
original lAM. 


SIP Parameter 

values: 




ISUP Parameter 
values: 




Comments: 


ISUP/BICC SUT 
lAM ^ 


SIP 

^ INVITE 
«. 404/484 
^ ACK 




SAM ^ 


^ INVITE 
«■ 404/484 
^ ACK 




SAM ^ 


^ INVITE 
«. 404/484 
^ ACK 




SAM(F) ^ ^ INVITE 
ACM «■ «■ 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

BYE 

RLC «■ «■ 200 OK BYE 
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TP302003 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clauses 7.2.3.2.1a and 
7.2.3.2.1.4 


TSS reference: 


ISUP-SIP/Basic call/Receipt of SAM after invite has been sent 


SIP selection 
criteria: 


PICS 3/2 


ISUP selection 
criteria: 


PICS 3/8 


Test purpose: 


Overlap procedure supported by determining the end of address signalling. Maximum number 
of digits used in ttie national numbering plan are reached 

Ensure that the SUT in Idle state, on receipt of an lAM message containing Continuity Checl< 
indicator in the Nature of Connection Indicators parameter which is set to indicate "continuity 
check not required" on receipt of a SAM and the maximum number of digits used in the 
national numbering plan are reached, the SUT 

sends an INVITE message containing all digits received in the lAM and the SAM(s). 
Stop timer T0IW3 (if it is running). 

T0IW2 shall be restarted and the SUT shall invol<e the following procedures: 

a) The Request-URI and the To header field of the new INVITE shall contain all digits 
received so far for this call. 

b) A new INVITE with the same Call-ID and From header (including tag) as the previous 
INVITE is sent. 

c) The new INVITE shall contain a new SDP offer. The O-MGCF may re-use any 
resources that have already been reserved for this call. This re-use of existing 
reserved resources shall be reflected within the precondition attributes for the SDP 

parameters in question. 

d) All other contents of the new INVITE are interworked from the parameters of the 
original lAM. 


SIP Parameter 

values: 




ISUP Parameter 
values: 




Comments: 


ISUP/BICC SUT 
lAM ^ 


SIP 

^ INVITE 
«. 404/484 
^ ACK 




SAM ^ 


^ INVITE 
«■ 404/484 
^ ACK 




SAM ^ 


^ INVITE 
«. 404/484 
^ ACK 




SAM ^ 


^ INVITE 




ACM «■ «■ 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 
^ ^ BYE 
RLC «■ «■ 200 OK BYE 
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TP302004 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clauses 7.2.3.2.1a and 
7.2.3.2.1.4 


TSS reference: 


ISUP-SIP/Basic call/Receipt of SAM after invite has been sent 


SIP selection 
criteria: 


PICS 3/2 


ISUP selection 
criteria: 


PICS 3/8 


Test purpose: 


Overlap procedure supported by determining the end of address signaiiing. Sufficient number 
of digits has been received to route the call received 

Ensure that the SUT in Idle state, on receipt of an lAM message containing Continuity Checl< 
indicator in the Nature of Connection Indicators parameter which is set to indicate "continuity 
check not required" on receipt of a SAM and the sufficient number of digits has been 
received to route the call to the called party, the SUT 

sends an INVITE message containing all digits received in the lAM and the SAM(s). 
Stop timer T0IW3 (if it is running). 

T0IW2 shall be restarted and the SUT shall lnvol<e the following procedures: 

a) The Request-URI and the To header field of the new INVITE shall contain all digits 
received so far for this call. 

b) A new INVITE with the same Call-ID and From header (including tag) as the previous 
INVITE is sent. 

c) The new INVITE shall contain a new SDP offer. The O-MGCF may re-use any 
resources that have already been reserved for this call. This re-use of existing 
reserved resources shall be reflected within the precondition attributes for the SDP 

parameters in question. 

d) All other contents of the new INVITE are interworked from the parameters of the 
original lAM. 


SIP Parameter 

values: 




ISUP Parameter 
values: 




Comments: 


ISUP/BICC SUT 
lAM ^ 


SIP 

^ INVITE 
«. 404/484 
^ ACK 




SAM ^ 


^ INVITE 
«■ 404/484 
^ ACK 




SAM ^ 


^ INVITE 
«. 404/484 
^ ACK 




SAM ^ 


^ INVITE 




ACM «■ «■ 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

ACK 

Conversation 
^ ^ BYE 
RLC «■ «■ 200 OK BYE 
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TP302005 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.2.4 


TSS reference: 


ISUP-SIP/Basic call/Receipt of SAM after invite lias been sent 


SIP selection 
criteria: 


NOT PICS 3/2 


ISUP selection 
criteria: 


PICS 3/8 


Test purpose: 


Overlap procedure supported by determining the end of address signalling. Ti/w1 is expired 

Ensure that the SUT in Idle state, on receipt of an lAM message containing Continuity Checl< 
indicator in the Nature of Connection Indicators parameter which is set to indicate "continuity 
check not required" on receipt of a SAM start Ti/w1 . After Ti/w1 is expired, the SUT: 

• sends an INVITE message containing all digits received in the lAM and the SAM. 


SIP Parameter 

values: 




ISUP Parameter 

Wflll IOC 




Comments: 


ISUP/BICC 

lAM ^ 
SAM ^ 
SAM ^ 
SAM ^ 


SUT 

Start Ti/wi 
Start Ti/wi 
Start Ti/wi 
Start Ti/wi 




SIP 






Ti/„i expired 




INVITE 




ACM(no indication) 
CPG(alerting) «■ 

Ringing tone 
ANM «■ 

RLC «■ 


«■ 

Conversation 


180 Ringing 

200 OK INVITE 
ACK 

BYE 

200 OK BYE 
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TP302006 



SIP reference: RFC 3261 [6] 



ISUP reference: 
ES 283 027 [1], clause 7.2.3.2.1a 



TSS reference: 



ISUP-SIP/Basic call/Receipt of SAM after invite has been sent 



SIP selection 
criteria: 



PICS 3/2 



ISUP selection 
criteria: 



PICS 3/9 



Test purpose: 



Overlap procedure supported without determining the end of address signalling 

Ensure that the SUT in Idle state, on receipt of an lAM message containing the Continuity 
Check indicator in the Nature of Connection Indicators parameter which is set to indicate 
"continuity check not required ": 

• Sends an INVITE message start Ti/w1 and Ti/w2. 

• On receipt of a 404/484 the SUT shall send a ACK, stop Ti/w2 and start Ti/w3: 

• On receipt of a SAIVI from the ISUP the SUT shall send an INVITE request: 

a) The Request-URI and the To header field of the new INVITE shall contain all 
digits received so far for this call. 

b) All other contents of the new INVITE are interworked from the parameters of 
the original lAM. 

c) Start Ti/w1 and Ti/w2 and stop Ti/w3 (if it is running): 



SIP Parameter 
values: 



ISUP Parameter 
values: 



Comments: 



ISUP/BICC 

lAM 



SAM 



SAM 

SAM 
ACM 
ANM 

RLC 





SUT 


SIP 






INVITE 






404/484 






ACK 






INVITE 






404/484 






ACK 






INVITE 






404/484 






ACK 






INVITE 


«■ 




180 Ringing 


tone 






«■ 




200 OK INVITE 






ACK 




Conversation 








BYE 






200 OK BYE 
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6.2.2.3 Sending of the ACM message 



TP303001 


SIP reference: RFC 3261 [6] ISUP reference: 

ES 283 027 [1], clauses 7.2.3.2.1.4, 7.2.3.2.4 
and 7.2.3.2.5 


TSS reference: 


ISUP-SIP /Basic call/Sending of tine ACM message 


SIP selection 
criteria: 


PICS 3/1 


ISUP selection 
criteria: 


PICS 4/9 AND NOT PICS 4/17 


Test purpose: 


ACM is sent after the determination of address complete indication in ttie SUT 

Ensure that the SUT in Idle state, on receipt of an lAM message containing the complete 
called party number and the sending complete indication: 

• Sends the INVITE message to called user and starts Ti/w2. 

• When Ti/w2 is expired, sends the ACM message with the CPS Indicator set to "no 
indication (00)", the Called party's category indicator set to "no indication(OO)" or 
"ordinary subscriber (01)" or "payphone (10)", the interworking indicator set to 
"interworking encountered (1)", the ISUP Indicator set to "ISUP not used all the way", the 
ISDN access Indicator set to "terminating access non-ISDN". 


SIP Parameter 

values: 




ISUP Parameter 
values: 


lAM; Called party number: complete number 
ACM, CPS indicator: no indication (00) 

Called party's category indicator: no indication(OO) or ordinary subscriber (01) or payphone 
(10) 

Interworking Indicator: intenworking encountered (1) 

ISUP Indicator: ISUP not used all the way 

ISDN access Indicator: "terminating access non-ISDN" 


Comments: 


ISUP/BICC SUT SIP 
lAM ^ ^ INVITE 

Ti/wP pynirprl 

ACM(no indication) 

CPG «■ «■ 180 Ringing 

Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 
Conversation 
^ ^ BYE 
RLC «■ «■ 200 OK BYE 
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TP303002 


SIP reference: RFC 3261 [6] ISUP reference: 

to ^oj u^/ Clauses /. ^.0.^.1.4, 
and 7.2.3.2.5 


TSS reference: 


ISUP-SIP /Basic call/Sending of the ACM message 


SIP selection 
criteria: 


PICS 2/3 AND PICS 3/1 


ISUP selection 
criteria: 


PIGS 4/9 AND PICS 4/1 7 


Test purpose: 


64 kBit/s unrestricted call, ACM is sent after the determination of address complete 
indication in the SUT 

Ensure that the SUT in Idle state, on receipt of an lAM message containing the complete 
called party number and the sending complete indication: 

• Sends the INVITE message to called user and starts Ti/w2. 

• When Ti/w2 is expired, sends the ACM message with the CPS indicator set to "no 
indication (00)", the Called party's category Indicator set to "no indication(OO)" or 
"ordinary subscriber (01)" or "payphone (10)", the interworl<ing indicator set to "no 
interworking encountered (0)", the ISUP indicator set to "ISUP used all the way", the 
ISDN access indicator set to "terminating access ISDN". 


SIP Parameter 
values: 


INVITE: SDP a=rtpmap:<dynamic-PT> CLEARMODE/8000 


ISUP Parameter 
values: 


lAM; Called party number: complete number, TMR: "64 kbit/s unrestricted" 
ACM, CPS Indicator: no indication (00) 

Called party's category Indicator: no indication(OO) or ordinary subscriber (01) or payphone 
(10) 

interworking indicator: no interworking encountered (0) 

ISUP indicator: ISUP used all the way 

ISDN access indicator: "terminating access ISDN" 


Comments: 


ISUP/BICC SUT SIP 
lAM ^ ^ INVITE 

Ti/w2 expired 

ACM(no indication) 

CPG ^ 180 Ringing 

Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 
BYE 

RLC «■ «■ 200 OK BYE 
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TP303003 


SIP reference: RFC 3261 [6] ISUP reference: 

to ^oj u^/ Clauses /. ^.0.^.1.4, /. ^.0.^.4 
and 7.2.3.2.5 


TSS reference: 


ISUP-SIP /Basic call/ Sending of the ACIVI message 


SIP selection 
criteria: 


PICS 3/1 


ISUP selection 
criteria: 


PICS 4/9 AND NOT PICS 4/17 


Test purpose: 


ACM is sent after the maximum number of digits used in the nationai numbering plan 
received 

Ensure that the SUT in Idle state, on receipt of an lAM message containing the maximum 
number of digits used In the national numbering plan: 

• Sends the INVITE message to the called user and starts Ti/w2. 

• When Ti/w2 is expired, sends the ACM message with the CPS indicator set to "no 
indication (00)", the Called party's category Indicator set to "no indication(OO)" or 
"ordinary subscriber (01)" or "payphone (10)", the interworl<ing indicator set to 
"interworking encountered (1)", the ISUP indicator set to "ISUP not used all the way", the 
ISDN access Indicator set to "terminating access non-ISDN". 


SIP Parameter 
values: 




ISUP Parameter 
values: 


lAM; Called party number: complete number 
ACM, CPS Indicator: no indication (00) 

Called party's category Indicator: no indication(OO) or ordinary subscriber (01) or payphone 
(10) 

interworking indicator: interworking encountered (1) 

ISUP indicator: ISUP not used all the way 

ISDN access indicator: "terminating access non-ISDN" 


Comments: 


ISUP/BICC SUT SIP 
lAM ^ ^ INVITE 

Ti/w2 expired 

ACM(no indication) ^ 

CPG ^ 180 Ringing 

Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

BYE 

RLC «■ «■ 200 OK BYE 
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TP303004 


SIP reference: RFC 3261 [6] ISUP reference: 

to ^oj u^/ Clauses /. ^.0.^.1.4, 
and 7.2.3.2.5 


TSS reference: 


ISUP-SIP /Basic call/ Sending of the ACIVI message 


SIP selection 
criteria: 


PICS 2/3 AND PICS 3/1 


ISUP selection 
criteria: 


PICS 4/9 AND PICS 4/17 


Test purpose: 


64 kBit/s call, ACM is sent after the maximum number of digits used in ttie national 
numbering plan received 

Ensure that the SUT in Idle state, on receipt of an lAM message containing the maximum 
number of digits used In the national numbering plan: 

• Sends the INVITE message to the called user and starts Ti/w2. 

• When Ti/w2 is expired, sends the ACM message with the CPS indicator set to "no 
indication (00)", the Called party's category Indicator set to "no indication(OO)" or 
"ordinary subscriber (01)" or "payphone (10)", the interworl<ing indicator set to "no 
interworking encountered", the ISUP indicator set to "ISUP used all the way", the ISDN 
access indicator set to "terminating access ISDN". 


SIP Parameter 
values: 


INVITE: SDP a=rtpmap:<dynamic-PT> CLEARMODE/8000 


ISUP Parameter 
values: 


lAM; Called party number: complete number 
ACM, CPS Indicator: no indication (00) 

Called party's category Indicator: no indication(OO) or ordinary subscriber (01) or payphone 
(10) 

interworking indicator: no interworking encountered 

ISUP indicator: ISUP used all the way 

ISDN access indicator: "terminating access ISDN" 


Comments: 


ISUP/BICC SUT SIP 
lAM ^ ^ INVITE 

Ti/w2 expired 

ACM(no indication) ^ 

CPG ^ 180 Ringing 

Ringing tone 

ANM «■ «■ 200 OK INVITE 

ACK 

Conversation 
^ ^ BYE 
RLC «■ «■ 200 OK BYE 
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TP303005 



SIP reference: RFC 3261 [6] 



ISUP reference: 
ES 283 027 [1], clauses 7.2.3.2.1.4, 7.2.3.2.4 
and 7.2.3.2.5 



TSS reference: 



ISUP-SIP /Basic call/Sending of the ACM message 



SIP selection 
criteria: 



PICS 3/1 



ISUP selection 
criteria: 



PICS 4/9 AND NOT PICS 4/17 



Test purpose: 



ACM is sent after sufficient number of digits tias been received to route tlie cail to tlie cailed 
party. 

Ensure that the SUT in Idle state, on receipt of an lAM message containing the complete 
called party number where the end of address signalling is determined by analysis of the 
called party number to indicate that a sufficient number of digits has been received to 
route the call to the called party: 

• Sends the INVITE message to the called user and starts Ti/w2. 

• When Ti/w2 is expired, sends the ACIVl message with the CPS indicator set to "no 
indication (00)", the Called party's category indicator set to "no indication(OO)" or 
"ordinary subscriber (01)" or "payphone (10)", the interworl<ing indicator set to 
"interworking encountered (1)", the ISUP indicator set to "ISUP not used all the way", the 
ISDN access Indicator set to "terminating access non-ISDN". 



SIP Parameter 
values: 



ISUP Parameter 
values: 



lAIVl; Called party number: complete number 
ACM, CPS indicator: no indication (00) 

Called party's category Indicator: no Indlcatlon(OO) or ordinary subscriber (01) or payphone 
(10) 

Interworking Indicator: IntenA/orkIng encountered (1) 
ISUP indicator: ISUP not used all the way 

ISDN access indicator: "terminating access non-ISDN" 



Comments: 



ISUP/BICC 

lAM 

ACM(no indication) 
CPG 

ANM 



RLC 



SUT 

Ti/w2 expired 



SIP 

INVITE 



180 Ringing 



Ringing tone 

«■ 200 OK INVITE 
^ ACK 



Conversation 



BYE 

200 OK BYE 
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TP303006 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clauses 7.2.3.2.1.4, 7.2.3.2.4 
and 7.2.3.2.5 


TSS reference: 


ISUP-SIP /Basic call/Sending of the ACM message 


SIP selection 
criteria: 


PICS 2/3 AND PICS 3/1 


ISUP selection 
criteria: 


PIGS 4/9 AND PICS 4/1 7 


Test purpose: 


64 kBit/s unrestricted call, ACM is sent after sufficient number of digits has been received 
to route the call to the called party 

Ensure that the SUT in Idle state, on receipt of an lAM message containing the complete 
called party number where the end of address signalling is determined by analysis of the 
called party number to indicate that a sufficient number of digits has been received to 
route the call to the called party: 

• Sends the INVITE message to called user and starts Ti/w2. 

• When Ti/w2 is expired, sends the ACIVl message with the CPS indicator set to "no 
indication (00)", the Called party's category indicator set to "no indication(OO)" or 
"ordinary subscriber (01)" or "payphone (10)", the interworking indicator set to "no 
interworking encountered (0)", the ISUP indicator set to "ISUP used all the way", the 
ISDN access Indicator set to "terminating access ISDN". 


SIP Parameter 
values: 


INVITE: SDP a=rtpmap:<dynamic-PT> CLEARMODE/8000 


ISUP Parameter 
values: 


lAIVI; Called party number: complete number, TMR: "64 kbit/s unrestricted" 
ACM, CPS indicator: no indication (00) 

Called party's category Indicator: no Indlcatlon(OO) or ordinary subscriber (01) or payphone 
(10) 

Interworking Indicator: no Intenworking encountered (0) 

ISUP Indicator: ISUP used all the way 

ISDN access indicator: "terminating access ISDN" 


Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 

Ti/w2 expired 

ACM «■ 

CPG «■ «■ 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

ACK 

Conversation 
^ ^ BYE 
RLC «■ «■ 200 OK BYE 
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TP303007 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clauses 7.2.3.2.1.4, 7.2.3.2.4 
and 7.2.3.2.5 


TSS reference: 


ISUP-SIP /Basic call/Sending of the ACM message 


SIP selection 
criteria: 


PICS 3/1 


ISUP selection 
criteria: 


NOT PICS 4/17 


Test purpose: 


ACM is sent determined by ttie expiration timer T^|yn|■^ 

Ensure that the SUT in Idle state, on receipt of an lAIVI message containing the complete 
called party number where the end of address signalling is determined by the expiration 

• sends the INVITE message to the called user. 

• Sends the ACM message with the CPS indicator set to "no indication (00)", the Called 
party's category indicator set to "no indication(OO)" or "ordinary subscriber (01)" or 
"payphone (10)", the interworking indicator set to "interworking encountered (1)", the 
ISUP indicator set to "ISUP not used all the way", the ISDN access indicator set to 
"terminating access non-ISDN". 


SIP Parameter 
values: 




ISUP Parameter 
values: 


lAM; Called party number: complete number 
ACM, CPS indicator: no indication (00) 

Called party's category indicator: no indication(OO) or ordinary subscriber (01) or payphone 
(10) 

interworking indicator: interworking encountered (1) 

ISUP indicator: ISUP not used all the way 

ISDN access indicator: "terminating access non-ISDN" 


Comments: 


ISUP/BICC SUT SIP 

lAM ^ Start Ti/wi 

T|/wi expiry 

ACM(no indication) «■ INVITE 
CPG «■ «■ 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 
Conversation 
^ ^ BYE 
RLC «■ «■ 200 OK BYE 
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TP303008 


SIP reference: RFC 3261 [6] ISUP reference: 

to ^oj u^/ Clauses /. ^.0.^.1.4, /. ^.0.^.4 
and 7.2.3.2.5 


TSS reference: 


ISUP-SIP /Basic call/Sending of the ACM message 


SIP selection 
criteria: 


PICS 2/3 AND PICS 3/1 


ISUP selection 
criteria: 


PIGS 4/17 


Test purpose: 


64 kBit/s unrestricted call, ACM is sent after determined by the expiration timer T^|y|^^ 

Ensure that the SUT in Idle state, on receipt of an lAM message, TMR=64 kBit/s unrestricted 
containing the complete called party number where the end of address signalling is 
determined by the expiration timer T|/^^ after the receipt of the latest address message: 

• Sends the INVITE message to called user. 

• Sends the ACM message with the CPS indicator set to "no indication (00)", the Called 
party's category indicator set to "no indication(OO)" or "ordinary subscriber (01)" or 
"payphone (10)", the interworking indicator set to "no intenworking encountered (0)", the 
ISUP indicator set to "ISUP used all the way", the ISDN access Indicator set to 
"terminating access ISDN". 


SIP Parameter 
values: 


INVITE: SDP a=rtpmap:<dynamic-PT> CLEARMODE/8000 


ISUP Parameter 
values: 


lAM; Called party number: complete number, TMR: "64 kbit/s unrestricted" 
ACM, CPS Indicator: no indication (00) 

Called party's category Indicator: no indicatlon(OO) or ordinary subscriber (01) or payphone 
(10) 

interworking indicator: no interworking encountered (0) 

ISUP indicator: ISUP used all the way 

ISDN access indicator: "terminating access ISDN" 


Comments: 


ISUP/BICC SUT SIP 

lAM ^ Start Tmi 

T|/wi expiry 

ACM(no indication) «■ INVITE 
CPG <■ ^180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 
Conversation 
^ ^ BYE 
RLC «■ «■ 200 OK BYE 
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TP303009 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clauses 7.2.3.2.5 and 
7.2.3.2.1.4 


TSS reference: 


ISUP-SIP /Basic call/Sending of the ACM message 


SIP selection 


PICS 3/2 




criteria: 






ISUP selection 


NOT PICS 4/17 




criteria: 






Test purpose: 


ACM is sent determined by tlie expiration timer 7j/^2 

Ensure that the SUT if overlap addressing is to be used toward the SIP network, on receipt of 
an lAM message containing the minimum number of digits required for routing the call 
has been received (start timer TI/W2 and invoke the appropriate outgoing SIP signalling 
procedure): 

• Sends an INVITE message to the called user and after the expiration of T^/y^2 

• Sends the ACM message with the CPS indicator set to "no indication (00)", the Called 
party's category indicator set to "no indication(OO)" or "ordinary subscriber (01)" or 
"payphone (10)", the Interworking Indicator set to "intenworking encountered (1)", the 
ISUP Indicator set to "ISUP not used all the way", the ISDN access Indicator set to 




"terminating access non-ISDN". 




SIP Parameter 






values: 






ISUP Parameter 
values: 


lAM; Called party number: complete number 
ACM, CPS Indicator: no indication (00) 






Called party's category Indicator: no indication(OO) or ordinary subscriber (01) or payphone 
(10) 

interworking indicator: interworking encountered (1) 
ISUP indicator: ISUP not used all the way 




ISDN access Indicator: "terminating access non-ISDN" 


Comments: 


ISUP/BICC SUT 

lAM ^ Start T\m 
SAM ^ Start Ti/wi 


SIP 




SAM ^ Start Ti/W2 


^ INVITE 




T|/w2 expiry 






ACM(no indication) 

CPG «■ 180 Ringing 

Ringing tone 

ANM «■ «■ 200 OK INVITE 






^ ACK 




Conversation 






^ BYE 




RLC «■ 


«■ 200 OK BYE 
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TP30301 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clauses 7.2.3.2.1.4 and 
7.2.3.2.5 


TSS reference: 


ISUP-SIP /Basic call/Sending of the ACM message 


SIP selection 


PICS 2/3 AND PICS 3/2 




criteria: 






ISUP selection 


PIGS 4/17 




criteria: 






Test purpose: 


64 kBit/s unrestricted call, ACM is sent after determined by the expiration timer T^jyJ^2 

Ensure that the SUT if overlap addressing is to be used toward the SIP network, on receipt of 
an lAM message, TMR=64 kBit/s unrestricted containing the minimum number of digits 
required for routing the call has been received (start timer T0IW2 and Invoke the 
appropriate outgoing SIP signalling procedure): 

• Sends an INVITE message to the called user and after the expiration of Toiv\/2 

• Sends the ACM message with the CPS indicator set to "no indication (00)", the Called 
party's category indicator set to "no indication(OO)" or "ordinary subscriber (01)" or 
"payphone (10)", the Interworking indicator set to "no intenworking encountered (0)", the 
ISUP Indicator set to "ISUP used all the way", the ISDN access Indicator set to 




"terminating access ISDN". 




SIP Parameter 
values: 


INVITE: SDP a=rtpmap:<dynamic-PT> CLEARMODE/8000 


ISUP Parameter 
values: 


lAM; Called party number: complete number, TMR: "64 kbit/s unrestricted" 
ACM, CPS Indicator: no Indication (00) 

Called party's category Indicator: no Indlcatlon(OO) or ordinary subscriber (01) or payphone 
(10) 

interworking indicator: no interworking encountered (0) 

ISUP indicator: ISUP used all the way 

ISDN access Indicator: "terminating access ISDN" 


Comments: 


ISUP/BICC SUT 

lAM ^ Start T\m 
SAM ^ Start Ti/wi 


SIP 




SAM ^ Start Ti/W2 


^ INVITE 




T/IW2 expiry 






ACM(no Indication) 

CPG «■ 

Ringing tone 
ANM «■ 


180 Ringing 

«■ 200 OK INVITE 
^ ACK 




Conversation 






^ BYE 




RLC «■ 


«■ 200 OK BYE 
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SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.2.5 


TSS reference: 


ISUP-SIP /Basic call/Sending of tlie ACM message 


SIP selection 
criteria: 


PICS 3/1 


ISUP selection 
criteria: 


NOT PICS 4/9 AND NOT PICS 4/1 7 


Test purpose: 


ACM is sent after 180 Ringing was received 

Ensure that the SUT in Idle state, on receipt of an lAM message containing the complete 
called party number, on receipt of a 180 Ringing message: 

• Sends the ACM message with the CPS indicator set to "subscriber free (01 )", the Called 
party's category indicator set to "no indication(OO)" or "ordinary subscriber (01)" or 
"payphone (10)", the interworking Indicator set to "intenworking encountered (1)", the 
ISUP Indicator set to "ISUP not used all the way", the ISDN access Indicator set to 
"terminating access non-ISDN". 


SIP Parameter 
values: 




ISUP Parameter 
values: 


lAM; Called party number: complete number 
ACM, CPS indicator: subscriber free (01) 

Called party's category Indicator: no indicatlon(OO) or ordinary subscriber (01 ) or payphone 
(10) 

interworking indicator: Interworking encountered (1) 

ISUP indicator: ISUP not used all the way 

ISDN access indicator: "terminating access non-ISDN" 


Comments: 


IQIID/Rir'P CUT QID 

lAM ^ ^ INVITE 
ACM «■ «■ 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

BYE 

RLC «■ «■ 200 OK BYE 
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TP303012 



SIP reference: RFC 3261 [6] 



ISUP reference: 
ES 283 027 [1], clause 7.2.3.2.5 



TSS reference: 



ISUP-SIP /Basic call/Sending of the ACM message 



SIP selection 
criteria: 



PICS 2/3 AND PICS 3/1 



ISUP selection 
criteria: 



NOT PICS 4/9 AND PICS 4/17 



Test purpose: 



64 kBit/s unrestricted call, ACM is sent after 180 Ringing was received 

Ensure that the SUT in Idle state, on receipt of an lAM message, TMR=64 kBit/s unrestricted 
containing the complete called party number on receipt of a 180 Ringing message: 

• Sends the ACM message with the CPS indicator set to "subscriber free (01 )", the Called 
party's category indicator set to "no indicatlon(OO)" or "ordinary subscriber (01)" or 
"payphone (10)", the interworking indicator set to "no intenworking encountered (0)", the 
ISUP Indicator set to "ISUP used all the way", the ISDN access Indicator set to 
"terminating access ISDN". 



SIP Parameter 
values: 



INVITE: SDP a=rtpmap:<dynamic-PT> CLEARMODE/8000 



ISUP Parameter 
values: 



lAM; Called party number: complete number, TMR: "64 kbit/s unrestricted" 
ACM, CPS indicator: no indication (00) 

Called party's category indicator: no indication(OO) or ordinary subscriber (01) or payphone 
(10) 

interworking indicator: no interworking encountered (0) 
ISUP indicator: ISUP used all the way 

ISDN access indicator: "terminating access ISDN" 



Comments: 



ISUP/BICC 


SUT 




SIP 


lAM 






INVITE 


ACM 






180 Ringing 


Ringing tone 








ANM 






200 OK INVITE 








ACK 


Conversation 














BYE 


RLC 






200 OK BYE 
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SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.2.4 


TSS reference: 


ISUP-SIP /Basic call/Sending of the ACM message 


SIP selection 


PICS 4/15 




criteria: 






ISUP selection 


NOT PICS 4/9 AND NOT PICS 4/1 7 




criteria: 






Test purpose: 


The SUT supports the P-Early-Media header 






Ensure that the SUT, on receipt of an lAM message containing the complete called party 
number, 




where the 0-MGCF Is supporting the P-Early-Media header as a network option, on the 
reception of the first 180 Ringing that includes a P-Early-Media header authorizing early 

media, 

sends the ACM message with the CPS indicator set to " no indication (00)", Called party's 




category indicator set to "no indication(OO)" or "ordinary subscriber (01)" or "payphone (10)", 
OBCI "in -band information" set to: yes. 


SIP Parameter 
values: 


180 Ringing: P-Early-Media header 


ISUP Parameter 
values: 


lAM; Called party number: complete number 
ACM; CPS indicator: no indication (00), 
OBCI: in -band information: yes 






ISUP/BICC SUT 


SIP 




lAM ^ 


^ INVITE 




ACM «■ 

Ringing tone 
ANM «■ 


«■ 180 Ringing 

«■ 200 OK INVITE 
^ ACK 




Conversation 






^ BYE 




RLC «■ 


«■ 200 OK BYE 
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SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.2.5 


TSS reference: 


ISUP-SIP /Basic call/ Sending of the ACM message 


SIP selection 
criteria: 


PICS 4/18 


ISUP selection 
criteria: 




Test purpose: 


180 received, mapping of PSTN XML Pmgresslindicator #7 into the ACM BCI 

Ensure that the SUT, if an ACM has not been already sent, on receipt the 180 Ringing 
message, with the PSTN XML body with Progresslindicator # 7 (Terminating user ISDN) 

• sends the ACM message with the Called Party"s Status (GPS) indicator set to " 
subscriber free (01)", the Called party"s category indicator set to "no indication(OO)" 
or "ordinary subscriber (01)" or "payphone (10)", the interworking indicator set to 
"no intenworking encountered (0)", the ISUP indicator set to "ISUP used all the way" 
and the ISDN access indicator set to "ISDN" and if included the access delivery 
information is set to "Set-up message generated". 


SIP Parameter 
values: 


180 Ringing; 

PSTN XML body with Progresslndicator # 7 (Terminating user ISDN) 


ISUP Parameter 
values: 


ACM, CPS indicator: subscriber free (01) 

Called party"s category indicator: no indication(OO) or ordinary subscriber (01) or payphone 
(10) 

interworking indicator: no interworking encountered (0) 

ISUP indicator: ISUP used all the way 

ISDN access indicator: terminating access islSDN 

access delivery information: Set-up message generated (IF PRESENT) 


Comments: 


ISUP/BICC SUT SIP 

IMIVI ^ 

INVITE 

ACM «■ «■ 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

ACK 

Conversation 
^ ^ BYE 
RLC «■ «■ 200 OK BYE 
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SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.2.5 


TSS reference: 


ISUP-SIP /Basic call/ Sending of the ACM message 


SIP selection 
criteria: 


PICS 4/18 


ISUP selection 
criteria: 




Test purpose: 


180 received, mapping of PSTN XML Progresslndicator into Progress Indicator contained in 
the A TP in the sent ACM 

Ensure that the SUT, if an ACM has not been already sent, on receipt the 1 80 Ringing 
message, with the PSTN XML body with Progress indicator # 7 (Terminating user ISDN) 
and a PSTN XML Progresslndicator set to PI_VALUE. The ATP does not contain the 
Progresslndicator #7. 

• sends the ACM message with the CPS indicator set to " subscriber free (01 )" and the 
Access Transport Parameter (ATP) containing the progress indicator PI_VALUE. 


SIP Parameter 
values: 


180 Ringing; 

PSTN XML Progresslndicator: PI_VALUE (PIXIT) 


ISUP Parameter 
values: 


ACM, CPS indicator: subscriber free (01) 
ATP progress indicator: PI VALUE (PIXIT) 


Comments: 


ISUP/BICC SUT SIP 

1 A^yl ^ 

IMIVI ~ 

^ INVITE 

ACM «■ «■ 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

ACK 

Conversation 
^ ^ BYE 
RLC «■ «■ 200 OK BYE 





/alues and additional selection criteria for test purposes TP303015 


VA 01 


PLVALUE = Call is not end-to-end ISDN (#1) 


VA 02 


PI_VALUE = Destination address is non-ISDN (#2) 
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SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.2.5 


TSS reference: 


ISUP-SIP /Basic call/Sending of the ACIVI message 


SIP selection 
criteria: 


PICS 3/1 AND NOT PICS 4/15 


ISUP selection 
criteria: 


NOT PICS 4/9 AND NOT PICS 4/1 7 


Test purpose: 


P-Early-Media header not supported, 183 is not intenvorked sending compiete indication 
received 

Ensure that the SUT in Idle state, on receipt of an lAIVi message containing the complete 
called party number and the sending complete indication, on receipt of a 183 Session 
Progress: 

• Sends the INVITE message to called user. 

• No ISUP message is sent backward. 


SIP Parameter 
values: 




ISUP Parameter 
values: 


lAM; Called party number: complete number 


Comments: 


ISUP/BICC SUT SIP 

^ ^ IM\/ITP 
IMIvl ^ ^ UN VI 1 C 

1 83 Session Progress 
ACM «■ «■ 180 Ringing 

Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

BYE 

RLC «■ «■ 200 OK BYE 



TP303017 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.2.5 


TSS reference: 


ISUP-SIP /Basic call/Sending of the ACM message 


SIP selection 
criteria: 


PICS 4/15 


ISUP selection 
criteria: 




Test purpose: 


P-Early-Media header supported, 183 is interwori<ed, an ACI\/I no indication is sent 

Ensure that the SUT in Idle state, on receipt of an lAM message containing the complete 
called party number, 

where the 0-MGCF is supporting the P-Early-Media header if the 183 Session Progress 
contains a P-Early_Media header authorizing early media 

• sends the ACM message with the CPS indicator set to " no indication (00)", the Called 
party"s category indicator set to "no indication(OO)", OBCI "in -band information" set to: 
yes. 


SIP Parameter 

values: 


183 Session Progress that includes a P-Early-Media header authorizing early media 


ISUP Parameter 
values: 


lAM; Called party number: complete number 
ACM; CPS indicator: no indication (00), 
OBCI: in -band information: yes 


Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 
ACM(no indication) <■ <■ 183 Session Progress 
CPG(Alerting) «■ «■ 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

BYE 

RLC «■ «■ 200 OK BYE 
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SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 9.2.3.3.12 


TSS reference: 


ISUP-SIP /Basic call/ Sending of the ACM message 


SIP selection 
criteria: 


PICS 3/1 


ISUP selection 
criteria: 


NOT PICS 4/15 


Test purpose: 


P-Early-Media header not supported, 183 is not intenvorked maximum number of digits used 
in tlie nationai numbering plan received 

Ensure that the SUT in Idle state, on receipt of an lAIVI message containing the maximum 
number of digits used in the national numbering plan on receipt of a 183 Session 
Progress: 

• No ISUP message is sent backward. 


SIP Parameter 
values: 




ISUP Parameter 
values: 


lAM; Called party number: complete number 


Comments: 


ISUP/BICC SUT SIP 

^ ^ IM\/ITP 
IMIVI ^ ^ 1 IN V 1 1 t 

1 83 Session Progress 
ACM «■ «■ 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 
Conversation 
^ ^ BYE 
RLC «■ «■ 200 OK BYE 



TP303019 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 9.2.3.3.12 


TSS reference: 


ISUP-SIP /Basic call/ Sending of the ACM message 


SIP selection 
criteria: 


PICS 3/1 


ISUP selection 
criteria: 


NOT PICS 4/15 


Test purpose: 


P-Early-Media tieader not supported, 183 is not interworl<ed sufficient number of digits has 
been received to route the call to the called party received 

Ensure that the SUT in Idle state, on receipt of an lAM message containing the complete 
called party number where the end of address signalling is determined by analysis of the 
called party number to indicate that a sufficient number of digits has been received to 
route the call to the called party on receipt of a 1 83 Session Progress: 

• No BICC/ISUP message is sent backward. 


SIP Parameter 
values: 




ISUP Parameter 

values: 




Comments: 


ISUP/BICC SUT SIP 
lAM ^ INVITE 

183 Session Progress 
ACM «■ «■ 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

BYE 

RLC «■ «■ 200 OK BYE 
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SIP reference: RFC 3261 [6] 




ISUP reference: 








ES 283 027 [1], clause 9.2.3.3.12 


TSS reference: 


ISUP-SIP /Basic call/ Sending of the ACM message 


SIP selection 


PICS 3/1 NOT PICS 4/1 5 






criteria: 










ISUP selection 


NOT PICS 4/9 








criteria: 










Test purpose: 


183 received after Tj^^ expired, P-Early-Media tieader not supported 183 is not intenvorl^ed 

Ensure that the SUT in Idle state, on receipt of an lAIVI message containing the complete 
called party number where the end of address signalling is determined by tlie expiration 
timer T|/^i after the receipt of the latest address message on receipt of a 1 83 Session 




Progress: 










• No ISUP message is sent backward. 






SIP Parameter 
values: 




ISUP Parameter 

values: 




Comments: 


ISUP/BICC 

lAM 


SUT 

T|/wi expiry 




SIP 




ACM(no indication) 

CPG(alerting) 

ANM 


«■ 
«■ 

Ringing tone 
«■ 


«■ 
«■ 


INVITE 

1 83 Session Progress 
180 Ringing 

200 OK INVITE 
ACK 






Conversation 












BYE 




RLC 






200 OK BYE 
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SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.2.5 


TSS reference: 


ISUP-SIP /Basic call/Sending of the ACIVI message 


SIP selection 
criteria: 


PICS 4/15 AND PICS 4/18 


ISUP selection 
criteria: 




Test purpose: 


183 received, mapping of PSTN XML Pmgresslindicator #7 into the ACM BCI 

Ensure tliat tlie SUT, on receipt of the 183 Session Progress message with the PSTN XML 
Progresslndicator # 7 (Terminating user ISDN) 

• sends the ACM message with the CPS indicator set to " no indication (00)", the Called 
party"s category indicator set to "no indication(OO)" or "ordinary subscriber (01)" or 
"payphone (10)", the Interworking Indicator set to "no intenworking encountered (0)", the 
ISUP Indicator set to "ISUP used all the way" and the ISDN access Indicator set to 
"ISDN" and if included the access delivery Information is set to "Set-up message 
generated". 


SIP Parameter 
values: 


1 83 Session Progress; PSTN XML Progresslndicator # 7 (Terminating user ISDN) 


ISUP Parameter 
values: 


ACM, CPS indicator: no indication (00) 

Called party's category indicator: no indication(OO) or ordinary subscriber (01) or payphone 
(10) 

interworking indicator: no interworking encountered (0) 
ISUP indicator: ISUP used all the way 
ISDN access indicator: ISDN 

access delivery Information: Set-up message generated (IF PRESENT) 


Comments: 


ISUP/BICC SUT SIP 

IMIvl ^ ^ UN VI 1 t 

AGIVI 1 83 Session Progress 
CPG «■ «■ 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 
Conversation 
^ ^ BYE 
RLC «■ «■ 200 OK BYE 
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SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.2.5 


TSS reference: 


ISUP-SIP /Basic call/Sending of tlie ACIVI message 


SIP selection 
criteria: 


PICS 4/15 AND PICS 4/18 


ISUP selection 
criteria: 




Test purpose: 


183 received, mapping of PSTN XML Progresslndicator into Progress Indicator contained in 
the A TP in the sent ACM 

Ensure that the SUT, on receipt of the 183 Session Progress message with the PSTN XML 
body with Progress indicator # 7 (Terminating user ISDN) containing the PSTN XIUIL 
Progresslndicator set to PI_VALUE. The XML Progresslndicator #7 is not interworked. 

• sends the ACM message with the CPS indicator set to " no indication (00)", the Called 
party"s category indicator set to "no indication(OO)" or "ordinary subscriber (01)" or 
"payphone (10)", the interworking indicator set to "no intenworking encountered (0)", the 
ISUP indicator set to "ISUP used all the way", the ISDN access indicator set to "ISDN", 
the Access Transport Parameter (ATP) containing the progress indicator set to 
PI_VALUE and if included the access delivery information is set to "Set-up message 
generated". 


SIP Parameter 

values: 


183 Session Progress; PSTN XML Progresslndicator: PI_VALUE 


ISUP Parameter 
values: 


1 83 Session Progress, CPS indicator: no indication (00) 

Called party"s category indicator: no indication(OO) or ordinary subscriber (01) or payphone 
(10) 

interworking indicator: no intenA/orking encountered (0) 
ISUP indicator: ISUP used all the way 
ISDN access indicator: ISDN 
ATP progress indicator: PI VALUE 

access delivery information: Set-up message generated (IF PRESENT) 


Comments: 


ISUP/BICC SUT SIP 

IA^/I ^ ^ IMV/ITP 
IrtlVI ~ ~ MM VI 1 c 

ACM <■ <■ 183 Session Progress 
CPG «■ «■ 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 
^ ^ BYE 
RLC «■ «■ 200 OK BYE 



Values for test purposes TP303022 


VA_01 


PI VALUE: Call is not end-to-end ISDN: further call progress information is available in- 

band (#1) 


VA 02 


PI_VALUE: Destination address is non-ISDN (#2) 
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TP303023 


• SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.2.5 


TSS reference: 


ISUP-SIP /Basic call/Sending of the ACIVI message 


SIP selection 
criteria: 


NOT PICS 4/1 5 AND NOT PICS 4/1 8 


ISUP selection 
criteria: 




Test purpose: 


183 received, mapping of PSTN XML Progresslndicator into Progress Indicator contained in 
the ATP and mapping of PSTN XML Progresslindicator #7 BClis not supported 

Ensure that the SUT, on receipt of the 1 83 Session Progress message with the PSTN XIVIL 
body with Progress indicator # 7 (Terminating user ISDN) and containing the PSTN XIUIL 
Progresslndicator set to PI_VALUE, 




• does not send the ACIVl message. 




SIP Parameter 
values: 


183 Session Progress; PSTN XML Progresslndicator: PI_VALUE 


ISUP Parameter 
values: 




Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 

183 Session Progress 
ACM «■ «■ 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

BYE 

RLC «■ «■ 200 OK BYE 



Values for test purposes TP303023 


VA 01 


PI VALUE: originating address is non-ISDN (#3) 


VA 02 


PLVALUE: Call has returned to ISDN (#4) 



ETSI 



144 



ETSI TS 186 009-2 V2.1.1 (2009-03) 
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SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.3.3.2.3 


TSS reference: 


ISUP-SIP /Basic call/Sending of the ACM message 


SIP selection 
criteria: 


PICS 3/1 AND PICS 4/5 AND PICS 4/1 1 


ISUP selection 
criteria: 


PICS 4/2 AND PICS 4/9 AND NOT PICS 4/17 


Test purpose: 


Preconditions requested, ACM is sent after the determination of address complete indication 
in the SUT 

Ensure that the SUT in Idle state, on receipt of an lAM message containing the complete 
called party number, the sending complete indication, and the continuity checi< is required 
on this circuit (ISUP) or COT is expected (BICC): 

• Sends the INVITE message to called user and starts Ti/w2. 

• The SUT shall withhold sending ACM until a successful continuity indication has been 

received. 

• Sends the ACM message with the CPS indicator set to "no indication (00)", the Called 
party's category indicator set to "no indication(OO)" or "ordinary subscriber (01)" or 
"payphone (10)", the interworking indicator set to "interworking encountered (1)", the 
ISUP indicator set to "ISUP not used all the way", the ISDN access indicator set to 
"terminating access non-ISDN". 


SIP Parameter 
values: 




ISUP Parameter 
values: 


lAM; Called party number: complete number 
ACM, CPS indicator: no indication (00) 

Called party's category indicator: no indication(OO) or ordinary subscriber (01) or payphone 

(10) 

interworking indicator: interworl<ing encountered (1) 

ISUP indicator: ISUP used all the way 

ISDN access indicator: "terminating access non-ISDN" 


Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 

183 Session Progress 
^ PRACK 
«■ 200 OK PRACK 

COT UPDATE 

«■ 200 OK UPDATE 

ACM «■ Ti/w2 expired 

ur^ji^Mieniriyj ~ ^ lou ninging 

^ PRACK 
«■ 200 OK PRACK 

Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 
Conversation 
^ ^ BYE 
RLC «■ «■ 200 OK BYE 
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TP303025 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.3.3.2.3 


TSS reference: 


ISUP-SIP /Basic call/Sending of the ACIVI message 


SIP selection 
criteria: 


PICS 3/1 AND PICS 4/5 AND PICS 4/1 1 


ISUP selection 
criteria: 


PICS 4/2 AND PICS 4/9 AND PICS 4/17 


Test purpose: 


64 kBit/s, Preconditions requested, ACM is sent after the determination of address complete 
indication in ttie SUT 

Ensure that the SUT in Idle state, on receipt of an lAIVI message containing the complete 
called party number, the sending complete indication and the continuity check is required 
on this circuit (ISUP) or COT is expected (BICC): 

• Sends the INVITE message to called user and starts Ti/w2. 

• The SUT shall withhold sending ACM until a successful continuity indication has been 

received. 

• Sends the ACIVI message with the CPS Indicator set to "subscriber free (01 )", the Called 
party's category indicator set to "no indication(OO)" or "ordinary subscriber (01)" or 
"payphone (10)", the interworking indicator set to "no intenworl<ing encountered (0)", the 
ISUP indicator set to "ISUP used all the way", the ISDN access indicator set to 
"terminating access ISDN". 


SIP Parameter 
values: 


INVITE: SDP a=rtpmap:<dynamic-PT> CLEARMODE/8000 


ISUP Parameter 
values: 


lAIVI; Called party number: complete number, TMR: "64 kbit/s unrestricted" 
ACM, CPS indicator: no indication (00) 

Called party's category Indicator: no indication(OO) or ordinary subscriber (01) or payphone 

(10) 

interworking indicator: no interworking encountered (0) 

ISUP indicator: ISUP used all the way 

ISDN access Indicator: "terminating access ISDN" 


Comments: 


ISUP/BICC SUT 
lAM ^ 

COT ^ 

ACM(no indication) <■ Ti/w2 expired 
CPG «■ 


SIP 

^ INVITE 

183 Session Progress 
^ PRACK 
«■ 200 OK PRACK 

UPDATE 
«■ 200 OK UPDATE 

«■ 180 Ringing 

PRACK 
«■ 200 OK PRACK 




ANM «■ «■ 200 OK INVITE 

ACK 

Conversation 
^ ^ BYE 
RLC «■ «■ 200 OK BYE 
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SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.3.3.2.3 


TSS reference: 


ISUP-SIP /Basic call/Sending of the INVITE message 


SIP selection 


PICS 3/2 AND PICS 4/5 AND PICS 4/1 1 




criteria: 






ISUP selection 


PICS 4/2 AND NOT PICS 4/1 7 




criteria: 






Test purpose: 


Preconditions requested, ACM is sent after expiration of timer 

Ensure that the SUT if overlap addressing is to be used toward the SIP network, on receipt of 
an lAM message containing the minimum number of digits required for routing the call 
has been received, start timer TI/W2 and invoke the appropriate outgoing SIP signalling 
procedure and the continuity check is required on this circuit (ISUP): 

• The SUT shall withhold sending ACM until a successful continuity indication has been 

received. 

• Sends the ACM message with the CPS indicator set to "subscriber free (01 )", the Called 
party's category indicator set to "no indication(OO)" or "ordinary subscriber (01)" or 
"payphone (10)", the interworking indicator set to "intenworking encountered (1)", the 
ISUP indicator set to "ISUP not used all the way", the ISDN access Indicator set to 




"terminating access non ISDN". 




SIP Parameter 

values: 


INVITE: SDP a=rtpmap:<dynamic-PT> CLEARMODE/8000 


ISUP Parameter 
values: 


lAM; Called party number: complete number 
ACM, CPS indicator: no indication (00) 






Called party's category Indicator: no indication(OO) or ordinary subscriber (01) or payphone 
(10) 

interworking indicator: interworking encountered (1) 
ISUP indicator: ISUP not used all the way 




ISDN access Indicator: "terminating access non ISDN" 


Comments: 


ISUP/BICC SUT 


SIP 




lAM ^ 


^ INVITE 

1 83 Session Progress 
^ PRACK 
«■ 200 OK PRACK 




COT ^ 


^ UPDATE 

«■ 200 OK UPDATE 




T|/w2 expiry 






ACM(no indication) 
CPG(Alerting) «■ 


180 Ringing 
^ PRACK 
«■ 200 OK PRACK 




Ringing tone 
ANM «■ 


«■ 200 OK INVITE 
ACK 




Conversation 






^ BYE 




RLC «■ 


«■ 200 OK BYE 
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Tr3030Z9 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.3.3.2.3 


TSS reference: 


ISUP-SIP /Basic call/Sending of the INVITE message 


SIP selection 


PICS 2/3 AND PICS 3/2 AND PICS 4/5 AND PICS 4/1 1 


criteria: 






ISUP selection 


PICS 4/2 AND PICS 4/17 




criteria: 






Test purpose: 


64 kBit/s call, Preconditions requested, ACM is sent after expiration of timer 

Ensure that the SUT if overlap addressing is to be used toward the SIP network, on receipt of 
an lAM message containing the minimum number of digits required for routing the call 
has been received, start timer TI/W2 and invoke the appropriate outgoing SIP signalling 
procedure and the continuity check is required on this circuit (ISUP): 

• The SUT shall withhold sending ACM until a successful continuity indication has been 

received. 

• Sends the ACIVl message with the CPS indicator set to "subscriber free (01 )", the Called 
party's category indicator set to "no indication(OO)" or "ordinary subscriber (01)" or 
"payphone (10)", the interworking indicator set to "no intenworking encountered (0)", the 
ISUP indicator set to "ISUP used all the way", the ISDN access Indicator set to 




"terminating access ISDN". 




SIP Parameter 

values: 


INVITE: SDP a=rtpmap:<dynamic-PT> CLEARMODE/8000 


ISUP Parameter 
values: 


lAM; Called party number: complete number, TMR: "64 kbit/s unrestricted" 
ACIVl, CPS indicator: no indication (00) 

Called party's category Indicator: no indication(OO) or ordinary subscriber (01) or payphone 
(10) 

interworking indicator: no interworking encountered (0) 

ISUP indicator: ISUP used all the way 

ISDN access Indicator: "terminating access ISDN" 


Comments: 


ISUP/BICC SUT 


SIP 




lAM ^ 


^ INVITE 

1 83 Session Progress 
^ PRACK 
«■ 200 OK PRACK 




COT ^ 


^ UPDATE 

«■ 200 OK UPDATE 




Ti/W2 expi''y 






ACM «■ 






CPG «■ 


180 Ringing 
^ PRACK 
«■ 200 OK PRACK 




Ringing tone 
ANM «■ 


«■ 200 OK INVITE 
ACK 




Conversation 






^ BYE 




RLC «■ 


«■ 200 OK BYE 
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TroOoOoU 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.3.3.2.3 


TSS reference: 


ISUP-SIP /Basic call/Sending of the ACM message 


SIP selection 
criteria: 


PICS 4/5 AND PICS 4/1 1 


iSUP selection 
criteria: 


PICS 4/2 AND NOT PICS 4/9 AND NOT PICS 4/1 7 


Test purpose: 


180 received after precontitions met, an ACM is sent 

Ensure that the SUT in Idle state, on receipt of an lAM message containing the complete 
called party number, the continuity checl< is required on this circuit (ISUP) indication receipt 
of a 180 Ringing message: 

• Sends the ACM message with the CPS indicator set to "subscriber free (01 )", the 
Called party's category indicator set to "no indication(OO)" or "ordinary subscriber 
(01)" or "payphone (10)", the interworking indicator set to "intera/orking 
encountered (1)", the ISUP indicator set to "ISUP not used all the way", the ISDN 
access Indicator set to "terminating access non-ISDN" . 


SIP Parameter 
values: 




ISUP Parameter 
values: 


lAM; Called party number: complete number 
ACM, CPS indicator: "subscriber free (01)" 

Called party's category indicator: no indication(OO) or ordinary subscriber (01) or payphone 
(10) 

interworking indicator: interworl<ing encountered (1) 

ISUP indicator: ISUP used all the way 

ISDN access indicator: "terminating access non-ISDN" 


Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 

1 83 Session Progress 
^ PRACK 
«■ 200 OK PRACK 

COT UPDATE 

«■ 200 OK UPDATE 

ACM <■ 180 Ringing 

^ PRACK 
«■ 200 OK PRACK 

Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 
Conversation 
^ ^ BYE 
RLC «■ «■ 200 OK BYE 
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TroOoOol 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.3.3.2.3 


TSS reference: 


ISUP-SIP /Basic call/Sending of the ACM message 


SIP selection 
criteria: 


PICS 2/3 AND PICS 4/5 AND PICS 4/1 1 


iSUP selection 
criteria: 


PICS 4/2 AND NOT PICS 4/9 AND PICS 4/17 


Test purpose: 


64 kBit/s call, 180 received after precontitions met, an ACM is sent 

Ensure that the SUT in Idle state, on receipt of an lAM message containing the complete 
called party number, the continuity check is required on this circuit (ISUP) or COT is 
expected (BICC) indication on receipt of a 180 Ringing message: 

• Sends the ACM message with theCPS indicator set to "subscriber free (01 )", the 
Called party's category indicator set to "no indication(OO)" or "ordinary subscriber 
(01)" or "payphone (10)", the interworking indicator set to "no interworl<ing 
encountered (0)", the ISUP Indicator set to "ISUP used all the way", the ISDN 
access indicator set to "terminating access ISDN". 


SIP Parameter 
values: 


INVITE: SDP a=rtpmap:<dynamic-PT> CLEARMODE/8000 


ISUP Parameter 
values: 


lAM; Called party number: complete number, TMR: "64 l<bit/s unrestricted" 
ACM, CPS indicator: no indication (00) 

Called party's category indicator: no indication(OO) or ordinary subscriber (01) or payphone 
(10) 

interworking indicator: no interworking encountered (0) 

ISUP indicator: ISUP used all the way 

ISDN access indicator: "terminating access ISDN" 


Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 

1 83 Session Progress 
^ PRACK 
«■ 200 OK PRACK 

COT UPDATE 

«■ 200 OK UPDATE 

ACM <■ 180 Ringing 

^ PRACK 
«■ 200 OK PRACK 

Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 
Conversation 
^ ^ BYE 
RLC «■ «■ 200 OK BYE 
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TP303032 

I ■ WVwVW^ 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.2.5 


TSS reference: 


ISUP-SIP /Basic call/Sending of the ACIVI message 


SIP selection 
criteria: 


PICS 2/3 AND PICS 4/18 AND PICS 4/19 


ISUP selection 
criteria: 




Test purpose: 


Mapping of PSTN XML BearerCapability element contained in the 180 into tiie TMU 
parameter sent in tlie ACM 

Ensure on receipt of a 180 Ringing containes PSTN XIVIL Progresslndicator #7 and PSTN 
XIVIL BearerCapability BC VALUE, an ACM is sent containing the TlUlU Parameter 
BC_VALUE. 
The BCI is set to: 

ISUP indicator: ISUP is used all the way 

ISDN access indicator: ISDN 

Interwoking indicator: Interworking not enountered 


SIP Parameter 
values: 


INVITE; 

PSTN XML first Bearer Capability: INVITE BCI 
PSTN XML second Bearer Capability: INVITE _BC2 

180 Ringing PSTN XIVIL BC: 80 VALUE and XIVIL PI #7 


ISUP Parameter 
values: 


lAM; USI: Speech/audio3Kbit/s, G.711 A-law 
USI prime: Unrestr. Digital info T/A, G.711 A-law 
TMR: 64 kbit/s preferred 
TMR prime: Speech/audioSKbit/s 

ACM: ISUP indicator: ISUP is used all the way 
ISDN access indicator: ISDN 
Interwoking indicator: Interworking not enountered 
TIVIU: BC VALUE 


Comments: 


|C|m/D|r>r> IT QIP 

lAM ^ ^ INVITE 
ACM «■ «■ 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

BYE 

RLC «■ «■ 200 OK BYE 
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TP303033 

I ■ wvwvww 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.2.5 


TSS reference: 


ISUP-SIP /Basic call/Sending of the ACIVI message 


SIP selection 
criteria: 


PICS 2/3 AND PICS 4/18 AND PICS 4/19 


ISUP selection 
criteria: 




Test purpose: 


Mapping of PSTN XML PearerCapability element contained in the 183 into tiie TMU 
parameter sent in tlie ACM 

Ensure on receipt of a 183 Session Progress containes PSTN XIVIL Progresslndicator #7 and 
PSTN XIVIL BearerCapability BC VALUE, an ACM is sent containing ttie TMU Parameter 
BC_VALUE. 
The BCI is set to: 

ISUP indicator: ISUP is used all the way 

ISDN access indicator: ISDN 

Interwoking indicator: Interworking not enountered 


SIP Parameter 
values: 


INVITE; 

PSTN XML first Bearer Capability: INVITE BCI 
PSTN XML second Bearer Capability: INVITE _BC2 

183 Session Progress PSTN XIVIL BC: BC VALUE and XIVIL PI #7 


ISUP Parameter 
values: 


lAM; USI: Speech/audio3Kbit/s, G.711 A-law 
USI prime: Unrestr. Digital info T/A, G.711 A-law 
TMR: 64 kbit/s preferred 
TMR prime: Speech/audio3Kbit/s 

ACM: ISUP indicator: ISUP is used all the way 
ISDN access indicator: ISDN 
Interwoking indicator: Interworking not enountered 
TMU: BC VALUE 


Comments: 


ISUP/BICC BUT SIP 

IA^/I ^ ^ IMV/ITP 
IMIvl ^ ^ IN VI 1 E 

ACM(no indication) 183 Session Progress 
ACM «■ «■ 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 
^ ^ BYE 
RLC «■ «■ 200 OK BYE 



Values and selection criteria for test purpose TP303032a and TP303033 


Test 

purposes 


ACM Parameter values 


18x Provisional 
response values: 


INVITE parameter value 


VA_01 


TMU_VALUE: speech 


PSTN XML: 
BC_VALUE: speech 


PSTN XML 

INVITE BCI : speech 

INVITE BC2: unrestricted digital 

information with tones and 

announcements 


VA_02 


TMU_VALUE: 3,1 kHz 


PSTN XML: 
BC_VALUE: 3,1 kHz 
audio 


PSTN XML 

INVITE BCI: 3,1 kHz audio 
INVITE BC2: unrestricted digital 
information with tones and 
announcements 
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6.2.2.4 Sending of the CPG message 



TP304001 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.2.6 


TBS reference: 


ISUP-SIP /Basic call/ Sending of the CPG message 


SIP selection 
criteria: 


PICS 3/1 


ISUP selection 
criteria: 


PICS 4/9 


Test purpose: 


180 received, a CPG is sent when an ACM was sent before 

Ensure that the BUT, having sent a ACM message with called party status "no indication" on 
receipt of a 180 Ringing message: 

• Sends the CPG message with the with the event Indicator set to "Alerting". 


SIP Parameter 
values: 




ISUP Parameter 
values: 




Comments: 


iSUP/BICC SUT SIP 

lAM ^ ^ INVITE 

Ti/w2 expired 

ACM(no indication) 

CPG(Alerting) «■ «■ 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

BYE 

RLC «■ «■ 200 OK BYE 



TP304002 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.2.6 


TSS reference: 


ISUP-SIP /Basic call/ Sending of the CPG message 


SIP selection 
criteria: 


PICS 3/1 


ISUP selection 
criteria: 


NOT PICS 4/15 


Test purpose: 


ACM was sent after Tyy^f expiry, a 183 is not intenvorl<ed 

Ensure that the SUT, having sent a ACM message with called party status "no indication" after 
T\P^-[ expiry, on receipt of a 183 Session progress message: 




• ISUP message is sent backward. 




SIP Parameter 
values: 




ISUP Parameter 

values: 




Comments: 


ISUP/BICC SUT SIP 
lAM ^ 

T|/wi expiry 

ACM «■ INVITE 

1 83 Session Progress 

Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 
Conversation 
^ ^ BYE 
RLC «■ «■ 200 OK BYE 
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Tr3040u3 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.4 


TSS reference: 


ISUP-SIP /Basic call/ Sending of the CPG message 


SIP selection 
criteria: 


PICS 3/1 AND PICS 4/18 AND PICS 4/19 


ISUP selection 
criteria: 




1 col purpuac- 


HLrM was seni aner i i/]fl/-i sxpiry, a urij is seni wnen a loj is receiveo coniains a r£> i i\i aml 
Progresslndicator #7 

Ensure that the SUT, having sent the ACIVl message after the expiry of ToiWI , on receipt of 
183 Session progress message, with PSTN XIUIL Progresslndicator "Terminating access 
ISDN"(#7) 

• sends the CPG message with the event indicator set to "progress". 


SIP Parameter 

values: 


1 83 Session Progress ; 

PSTN XIML Progresslndicator "Terminating access ISDN"(#7) 


ISUP Parameter 
values: 


CPG; event indicator: progress 
BCI 

interworking indicator: no interworking encountered (0) 

ISUP indicator: ISUP used all the way 

ISDN access indicator: "terminating access ISDN" 


Comments: 


ISUP/BICC SUT SIP 
lAM ^ 

T|/wi expiry 

ACIVl <■ INVITE 
CPG(Progress) 1 83 Session progress 
CPG(Alerting) «■ «■ 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

BYE 

RLC «■ «■ 200 OK BYE 
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1 roU4UU4 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.4 


TSS reference: 


ISUP-SIP /Basic call/ Sending of the CPG message 


SIP selection 
criteria: 


PICS 3/1 AND PICS 4/18 


ISUP selection 
criteria: 




Test purpose: 


ACM was sent after, a 183 contains a PSTN XML Progresslndicator #7 was received 

Ensure that the SUT, having sent the ACM message after the reception of the 183 Session 
progress message, with PSTN XML Progresslndicator "Terminating access ISDN"(#7), on 
receipt of an 180 Ringing message, with PSTN XML body containing the progress 
descriptions "Terminating access ISDN"(#7) 

• sends the CPG message with the event indicator set to "Alerting". 


SIP Parameter 
values: 


183 Session Progress: Progresslndicator "Terminating access ISDN"(#7) 
180 Ringing: Progresslndicator "Terminating access ISDN"(#7) 


ISUP Parameter 
values: 


CPG; event Indicator: Alerting 
BCI 

interworl<ing indicator: no interworking encountered (0) 

ISUP indicator: ISUP used all the way 

ISDN access indicator: "terminating access ISDN" 


Comments: 


ISUP/BICC SUT SIP 

lAM ■> INVITE 
ACIVl 1 83 Session progress 
CPG «■ «■ 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 
Conversation 
^ ^ BYE 
RLC «■ «■ 200 OK BYE 
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Tr3040u5 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.4 


TSS reference: 


ISUP-SIP /Basic call/ Sending of the CPG message 


SIP selection 
criteria: 


PICS 3/1 AND PICS 4/18 


ISUP selection 
criteria: 




Test purpose: 


ACM was sent after T|^-| expiry, after receipt of a 183 and 180 contains a PSTN XML 
Progresslndicator #7 a CPG(Progress) and a CPG(Aierting) are sent 

Ensure that the SUT, having sent the ACM message after the expiry of Ti/WI , on receipt of a 
183 Session progress message followed by an 180 Ringing message with PSTN XML body 
containing the progress descriptions "Terminating access ISDN"(#7), 

• sends two CPG messages respectively with the event indicator set to "Progress" and 

"Alerting". 


SIP Parameter 
values: 


183 Session progress 
180 Ringing 


ISUP Parameter 
values: 


CPG 1 ; event indicator: Progress 
CPG 2; event indicator: Alerting 
BCI: 

interworking indicator: no Interworking encountered 

ISUP indicator: ISUP used all the way 

ISDN access indicator: "terminating access ISDN" 


Comments: 


ISUP/BICC SUT SIP 
lAM ^ 

T|/wi expiry 

ACM(no indication) «■ ■> INVITE 
CPG(Progress) <■ <■ 1 83 Session progress 
CPG(Alerting) «■ «■ 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 
Conversation 
^ ^ BYE 
RLC «■ «■ 200 OK BYE 
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Tr3040UD 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.4 


TSS reference: 


ISUP-SIP /Basic call/ Sending of the CPG message 


SIP selection 
criteria: 


PICS 3/1 AND PICS 4/18 


ISUP selection 
criteria: 




Test purpose: 


ACM was sent after Tj/^i expiry, a 183 covering a PSTN XML Progresslndicator #7 and #x 
received, a CPG is sent contains an ATP with PI #x 

Ensure that the SUT, having sent the ACM message after the expiry of Ti/WI , on receipt of 
1 83 Session progress message, with PSTN XML body containing the progress descriptions 
"Terminating access ISDN"(#7) and PI_VALUE the Progresslndicator #7 is not sent in the 
ATP. 

• sends the CPG message with the event indicator set to "progress" and the ATP 
progress indicator set to PI VALUE . 


SIP Parameter 
values: 


183 Session Progress ; 

PSTN XML Progresslndicator "Terminating access ISDN"(#7) 
PI VALUE 


ISUP Parameter 
values: 


CPG; event indicator: progress 
ATP progress indicator: PI_VALUE 


Comments: 


ISUP/BICC SUT SIP 
lAM ^ 

T|/wi expiry 

ACM(no indication) «■ ■> INVITE 
CPG(Progress) 183 Session progress 
CPG(Alerting) «■ «■ 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

BYE 

RLC «■ «■ 200 OK BYE 





/alues and additional selection criteria for test purposes TP304006 


VA 01 


PLVALUE = Call is not end-to-end ISDN (#1) 


VA 02 


PI_VALUE = Destination address is non-ISDN (#2) 
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SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.4 


TSS reference: 


ISUP-SIP /Basic call/ Sending of the CPG message 


SIP selection 
criteria: 


PICS 3/1 AND PICS 4/18 


ISUP selection 
criteria: 




Test purpose: 


ACM was sent after Tj/^i expiry, a 180 covering a PSTN XML Progresslndicator #7 and #x 
received, a CPG is sent contains an ATP with PI #x 

Ensure that the SUT, having sent the ACM message, on receipt of an a 180 Ringing message 
with PSTN XML Progresslndicator "Terminating access ISDN"(#7)" and " PI VALUE ", 

• sends a CPG message with the event indicator set to "Alerting" and the ATP including 
the progress indicator set to " PI VALUE". 


SIP Parameter 
values: 


180 Ringing; 

PSTN XML Progresslndicator: PI_VALUE 


ISUP Parameter 
values: 


CPG; Event indicator: Alerting 
ATP progress indicator: PI VALUE 


Comments: 


ISUP/BICC SUT SIP 

lAM ^ 

Tqiwi expiry 

ACM(no indication) «■ INVITE 
CPG(Alerting) «■ «■ 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 
Conversation 
^ ^ BYE 
RLC «■ «■ 200 OK BYE 





/alues and additional selection criteria for test purposes TP304007 


VA 01 


PLVALUE = Call is not end-to-end ISDN (#1) 


VA 02 


PI_VALUE = Destination address is non-ISDN (#2) 
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XDOAylAAQ 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.4 


TSS reference: 


ISUP-SIP /Basic call/ Sending of the CPG message 


SIP selection 
criteria: 


PICS 2/3 AND PICS 4/18 


ISUP selection 
criteria: 


PICS 4/19 


Test purpose: 


ACM was sent after Tj/^i expiry, a 180 covering a PSTN XML Progresslndicator #7 and #x 
received, a CPG is sent contains an ATP with PI #x 

Ensure that the SUT having sent the ACM message, on receipt of a 1 83 Call Progress 
message containing the PSTN XML Progresslndicator "Terminating access ISDN"(#7) and 
"Interworking has occurred and has resulted in a telecommunication service change (#5)", ttie 
PSTN XML BearerCapability set to BC_VALUE 

• sends the CPG message with the event indicator set to "Progress", the ATP containing 
the BO set to BC_VALUE and the progress indicator set to "Interworking has occurred 
and has resulted in a telecommunication service change (#5)" and the TMU set to 
TMU VALUE. 


SIP Parameter 
values: 


INVITE; 

PSTN XML first Bearer Capability: INVITE BC1 
PSTN XML second Bearer Capability: INVITE _BC2 

183 Call Progress; PSTN XML Progresslndicator: Interworking has occurred and has 
resulted in a telecommunication service change (#5). PSTN XML BearerCapability: 
BC VALUE 


ISUP Parameter 
values: 


lAM; USI: Speech/audio3Kbit/s, G.71 1 A-law 

USI prime: Unrestr. Digital info T/A, G.71 1 A-law 

TMR: 64 kbit/s preferred 

TMR prime: Speech/audio3Kbit/s 

CPG, event indicator: Progress 

ATP BC: BC_VALUE 

ATP progress indicator: Interworking has occurred and has resulted in a telecommunication 
service change (#5) 
TIVIU:TMU VALUE 


Comments: 


ISUP/BICC SUT SIP 
lAM ^ 

Tqiwi expif^y 

ACM «■ ■> INVITE 
CPG 1 83 Session progress 
CPG «■ «■ 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 
Conversation 
^ ^ BYE 
RLC «■ «■ 200 OK BYE 
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Tr3040u9 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3. 


TSS reference: 


ISUP-SIP /Basic call/ Sending of the CPG message 


SIP selection 
criteria: 


PICS 2/3 AND PICS 4/18 


ISUP selection 
criteria: 


PICS 4/19 


Test purpose: 


ACM was sent after Tj/^^ expiry, Fallback occurs in the 180 Ringing 

Ensure that the SUT in call having sent the ACM message, on receipt of an 180 Ringing 
message containing the PSTN XIVIL BearerCapability set to BC_VALUE and the PSTN XIML 
Progresslndicator set to "Terminating access ISDN"(#7) aA7cy"lnterworking has occurred and 
has resulted in a telecommunication service change (#5)" 

• sends the CPG message with the event indicator set to "Alerting", the ATP containing 
the BC set to BC_VALUE and the progress indicator set to "Intenworking has occurred 
and has resulted in a telecommunication service change (#5)" and the TMU set to 
TMU VALUE. 


SIP Parameter 
values: 


INVITE; 

PSTN XML first Bearer Capability: INVITE BC1 
PSTN XIUIL second Bearer Capability: INVITE _BC2 
180 Ringing; 

PSTN XIVIL Progresslndicator: "Terminating access ISDN"(#7) and Interworking has 
occurred and has resulted in a telecommunication service change (#5) 
PSTN XML BeaereCapabilty: BC VALUE 


ISUP Parameter 
values: 


lAM; USI: Speech/audio3Kbit/s, G.71 1 A-law 
USI prime: Unrestr. Digital info T/A, G.71 1 A-law 
TMR: 64 kbit/s preferred 
TMR prime: Speech/audio3Kbit/s 

CPG; event indicator: Alerting 
ATP BC: BC_VALUE 

ATP progress indicator: Interworking has occurred and has resulted in a telecommunication 
service change (#5) 
TIVIU:TMU VALUE 


Comments: 


ISUP/BICC SUT SIP 
lAM ^ 

Tqiwi expiry 

ACM ■> INVITE 

CPG «■ «■ 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 
Conversation 
^ ^ BYE 
RLC «■ «■ 200 OK BYE 
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1 r oU4U1 U 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.4.1 


TSS reference: 


ISUP-SIP /Basic call/ Sending of the CPG message 


SIP selection 
criteria: 


PICS 2/3 AND PICS 4/18 


ISUP selection 
criteria: 


PICS 4/19 


Test purpose: 


ACM was sent after Tj/^^ expiry, Fallback occurs in the 183 Session Progress 

Ensure that the SUT having sent the ACM message, on receipt of a 183 Session Progress 
message containing the BC SET to BC_VALUE and the PSTN XML Progresslndicator set to 
"Terminating access ISDN"(#7), "Interworking has occurred and has resulted in a 
telecommunication service change (#5)" and "In-band information or appropriate pattern is 
now available (#8)", 

• sends the CPG message with the event indicator set to "In-band information or 

appropriate pattern is now available", the ATP containing the BC set to BC_VALUE and 
the progress indicator set to "Interworking has occurred and has resulted in a 
telecommunication service change (#5)" and the TMU set to TI\/IU_VALUE. 


SIP Parameter 
values: 


INVITE; 

PSTN XML first Bearer Capability: INVITE BC1 
PSTN XML second Bearer Capability: INVITE _BC2 
183 Session Progress ; 
PSTN XML 

Progresslndicator: Intenworking has occurred and has resulted in a telecommunication 

service change (#5) 

Progresslndicator: In-band information or appropriate pattern is now available (#8) 
PSTN XML BeaererCapability: BC_VALUE 


ISUP Parameter 
values: 


lAM; USI: Speech/audio3Kbit/s, G.711 A-law 
USI prime: Unrestr. Digital infoT/A, G.711 A-law 
TMR: 64 kbit/s preferred 
TMR prime: Speech/audio3Kbit/s 

CPG; event indicator: In-band information or appropriate pattern is now available 
ATP BC: BC_VALUE 

ATP progress indicator: Interworking has occurred and has resulted in a telecommunication 

service change (#5) 

TMU:TMU_VALUE 


Comments: 


ISUP/BICC SUT SIP 
lAM ^ 

Tqiwi expiry 

ACM «■ INVITE 
CPG 183 Session progress 
CPG «■ «■ 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

BYE 

RLC «■ «■ 200 OK BYE 



Values and additional selection criteria for test purposes TP304008 to TP304010 


VA_01 


TMU VALUE: speech 
ISUP VALUE: UDI/TA 


BC_VALUE: speech 


VA_02 


TMU VALUE: 3,1 kHz 
ISUP VALUE: UDI/TA 


BC_VALUE:3,1 kHz 
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1 roU4UU1 1 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.4.1 


TSS reference: 


ISUP-SIP /Basic call/ Sending of the CPG message 


SIP selection 
criteria: 


PICS 4/18 


ISUP selection 
criteria: 




Test purpose: 


ACM was sent after T\/y\j^ expiry, PSTN XML HLC received in a 183 mapping in the ATP 
contained in the CPG 

Ensure that the SUT, having sent the ACM message, on receipt of a 1 83 Session Progress 
message with PSTN XIVIL Progresslndicator set to "lnterworl<ing has occurred and has 
resulted in a telecommunication service change (#5)", "Terminating access ISDN"(#7) and 
with a PSTN XIUIL HighLayerCompatibility set to HLC_VALUE the Progresslndicator #7 is 
not contained in the ATP 

• sends the CPG message with event indicator set to "Progress", the ATP including the 
HLC set to HLC_VALUE and the progress indicator set to "Intenworking has occurred 

and has resulted in a telecommunication service change (#5)". 


SIP Parameter 
values: 


183 Session Progress; 

PSTN XML Progresslndicator: Interworking has occurred and has resulted in a 
telecommunication service change (#5) and "Terminating access ISDN"(#7) 
PSTN XML HigiiLayerCompatibility: HLC_VALUE2 (PIXIT) 


ISUP Parameter 
values: 


CPG, Event indicator: Progress 
ATP HLC: HLC_VALUE2 (PIXIT) 

ATP progress indicator: Interworking has occurred and has resulted in a telecommunication 
service change (#5) 


Comments: 


ISUP/BICC SUT SIP 
lAM ^ 

Tqiwi expiry 

ACM ■> INVITE 
CPG 1 83 Session progress 
CPG «■ «■ 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

ACK 

Conversation 
^ ^ BYE 
RLC «■ «■ 200 OK BYE 
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1 roU4UU1 i. 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.4 


TSS reference: 


ISUP-SIP /Basic call/ Sending of the CPG message 


SIP selection 
criteria: 


PICS 4/18 


iSUP selection 
criteria: 




Test purpose: 


ACM was sent after Tj/^i expiry, PSTN XML HLC received in a 180 mapping in the ATP 
contained in the CPG 

Ensure that the SUT, having sent the ACM message, on receipt of an 180 Ringing message 
with PSTN XIVIL Progresslndicator set to "lnterworl<ing has occurred and has resulted in a 
telecommunication service change (#5)" "Terminating access ISDN"(#7)an6 with a PSTN XIUIL 
HighLayerCompatibility set to HLC_VALUE 

• sends the CPG message with event indicator set to "Alert", the ATP including the HLC 
set to HLC_VALUE and the progress indicator set to "Intenworking has occurred and 

has resulted in a telecommunication service change (#5)". 


SIP Parameter 
values: 


180 Ringing; 

PSTN XIVIL Progresslndicator: Interworking has occurred and has resulted in a 
telecommunication service change (#5), "Terminating access ISDN"(#7) 
PSTN XML HighLayerCompatibility: HLC_VALUE2 (PIXIT) 


ISUP Parameter 
values: 


CPG, Event indicator: Alerting 
ATP HLC: HLC_VALUE2 (PIXIT) 

ATP progress indicator: Interworking has occurred and has resulted in a telecommunication 
service change (#5) 


Comments: 


ISUP/BICC SUT SIP 
lAM ^ 

Tqiwi expiry 

ACM «■ ^ INVITE 
CPG «■ «■ 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

ACK 

Conversation 
^ ^ BYE 
RLC «■ «■ 200 OK BYE 
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TP304001 3 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.4 


TSS reference: 


ISUP-SIP /Basic call/ Sending of the CPG message 


SIP selection 
criteria: 




iSUP selection 
criteria: 


PICS 4/9 


Test purpose: 


ACM sent after INVITE was sent, 183 received after 180 received. 183 contains a PSTN XML 
Progresslndicator #7 mapped into BCI in the sent CPG 

Ensure that the SUT, having sent automatically the ACM message, on receipt of an 180 
Ringing message followed by a 183 Session Progress message with PSTN XML 
Progresslndicator "Terminating access ISDN"(#7), 

• sends two CPG message respectively with the event indicator set to "Alerting" and 
"Progress". 


SIP Parameter 

values: 


180 Ringing; 

183 Session Progress ; 


ISUP Parameter 
values: 


CPG 1 ; event indicator: Alerting 

ISUP indicator: ISUP is used all the way 

ISDN access indicator: ISDN 

Interwoking indicator: Interworking not enountered 

CPG 2; event indicator: Progress 

ISUP indicator: ISUP is used all the way 

ISDN access indicator: ISDN 

Interwoking indicator: Interworking not enountered 


Comments: 


ISUP/BICC SUT SIP 
lAM ^ 

ACM «■ ■> INVITE 
CPG «■ «■ 180 Ringing 
CPG 1 83 Session progress 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

REL BYE 

RLC «■ «■ 200 OK BYE 
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1 roU4UU1 4 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.4 


TSS reference: 


ISUP-SIP /Basic call/ Sending of the CPG message 


SIP selection 
criteria: 




ISUP selection 
criteria: 


PICS 4/9 


Test purpose: 


ACM sent after INVITE was sent, a 180 is received contains a PSTN XML Progresslndicator 
#x mapped into an PI #x covered in an ATP in the sent CPG 

Ensure that the SUT, having sent automatically the ACM message, on receipt of an 180 
Ringing message containing the PSTN XML Progresslndicator set to PI VALUE, 

• sends a CPG message with the event indicator set to "Alerting" and the ATP including 
the progress Indicator set to PI VALUE. 


SIP Parameter 
values: 


180 Ringing; progress Indicator: PI_VALUE 


ISUP Parameter 
values: 


CPG; Event indicator: Alerting 
ATP progress indicator: PI_VALUE 


Comments: 


SUT 

lAM 

ACM «■ 
CPG «■ 


SIP 

^ INVITE 

«■ 180 Ringing 




Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 



Values and additional selection criteria for test purposes TP3040014 


VA 01 


PLVALUE = Call is not end-to-end ISDN (#1) 


VA 02 


PI_VALUE = Destination address is non-ISDN (#2) 
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TP304001 5 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.4 


TSS reference: 


ISUP-SIP /Basic call/ Sending of the CPG message 


SIP selection 






criteria: 






ISUP selection 


PICS 4/9 




criteria: 






Test purpose: 


ACM sent after INVITE was sent, 180 received contains a PSTN XML Progresslndicator #8 
mapped into OBCI in tiie sent CPG 

Ensure that the BUT, having received an lAM with the USI field indicating USI_VALUE and 
having sent automatically the ACM message, on receipt of an 180 Ringing message with PI 
No.8 "In-band information or appropriate pattern is now available", 

• sends a ORG message with the event indicator set to "Alerting" and OBCI in-band 




information set to "yes". 




SIP Parameter 

values: 


180 Ringing; PSTN XML Progresslndicator"ln-band information or appropriate pattern is now 

available" (#8) 


ISUP Parameter 


lAM: USI: USI_VALUE; 




values: 


CPG; Event Indicator: Alerting 
OBCI in-band: yes 




Comments: 


ISUP/BICC SUT 
lAM ^ 


SIP 




ACM «■ 


^ INVITE 




CPG «■ 


«■ 180 Ringing 




Ringing tone 
ANM «■ 


«■ 200 OK INVITE 
ACK 




Conversation 






^ BYE 




RLC «■ 


«■ 200 OK BYE 
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TP3040016 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 


TSS reference: 


ISUP-SIP /Basic call/ Sending of the ORG message 


SIP selection 
criteria: 




ISUP selection 
criteria: 


PICS 4/9 


Test purpose: 


ACM sent after INVITE was sent, 180 rceived contains a P-Early-Media header mapped into 
the OBCI "inband info available" 

Ensure that the SUT, having received an lAIVI with the USI field indicating USI_VALUE and 
having sent automatically the ACM message, on receipt of an 180 Ringing message with P- 
Early-Media header authorizing early media", 

• sends a CPG message with the event indicator set to "Alerting" and OBCI in-band 

information set to "yes". 


SIP Parameter 
values: 


180 Ringing; P-Early-Media header authorizing early media 


ISUP Parameter 
values: 


lAM: USI: USI_VALUE; 

CPG; Event indicator: Alerting 

OBCI in-band: yes 


Comments: 


ISUP/BICC SUT 
lAM ^ 
ACM «■ 


SIP 

^ INVITE 




CPG «■ «■ 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

ACK 

Conversation 
^ ^ BYE 
RLC «■ «■ 200 OK BYE 





/alues and additional selection criteria for test purposes TP304016 


VA 01 


USI VALUE = speech 


VA 02 


USI VALUE = 3,1 kHz 
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6.2.2.5 Sending of the ANM message 



TP305001 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.2.7a 


TSS reference: 


ISUP-SiP/Basic call/ Sending of the Answer Message (ANM)/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


An ANM is sent after a 200 OK INVITE is received 

Ensure that the BUT having sent the ACM message, on receipt of a 200 OK INVITE for this 
call, it shall stop timer T0IW2 (if running): 

• Send ANM as determined by BICC/ISUP procedures. 

• Stop any existing awaiting answer indication (e.g. ringing tone). 


SIP Parameter 
values: 


200 OK INVITE; 


ISUP Parameter 
values: 


ANM- 

rtlM IVI, 


Comments' 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 
ACM «■ «■ 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

REL BYE 

RLC «■ «■ 200 OK BYE 



TP305002 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.5 


TSS reference: 


ISUP-SIP/Basic call/ Sending of the Answer Message (ANM)/ 


SIP selection 
criteria: 


PICS 4/18 


ISUP selection 
criteria: 




Test purpose: 


An ANM is sent after a 200 OK INVITE is received. PSTN XML Progresslndicator #x 
mapped into the ATP in the ANM 

Ensure that the SUT, having sent the ACM message, on receipt of a 200 OK message 
containing the PSTN XML Progresslndicator set to PI_VALUE 

• sends the ANM message with the ATP including the PSTN XML Progresslndicator 

set to PI VALUE. 


SIP Parameter 
values: 


200 OK; PSTN XML Progresslndicator: PI_VALUE (PIXIT) 


ISUP Parameter 
values: 


ANM; ATP Progress Indicator: PI_VALUE (PIXIT) 


Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 
ACM «■ «■ 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 
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TP305003 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.5 


TSS reference: 


ISUP-SIP/Basic call/ Sending of the Answer Message (ANM)/ 


SIP selection 
criteria: 


PICS 4/18 


ISUP selection 
criteria: 




Test purpose: 


An ANM is sent after a 200 OK INVITE is received. PSTN XML LowLayerCompatibility 
mapped into tlie A TP in the ANM 

Ensure that the SUT, having sent the ACM message, on receipt of a 200 OK Message 
containing the PSTN XML LowLayerCompatibility set to LLC_VALUE 

• sends the ANM message with the ATP including the LLC set to LLC VALUE. 


SIP Parameter 
values: 


200 OK; PSTN XIUIL LowLayerCompatibility: LLC_VALUE (PIXIT) 


ISUP Parameter 
values: 


ANM; ATP LLC: PI_VALUE (PIXIT) 


Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 
ACM «■ «■ 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 



TP305004 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.5 


TSS reference: 


ISUP-SIP/Basic call/ Sending of the Answer Message (ANM)/ 


SIP selection 
criteria: 


PICS 4/18 AND PICS 2/3 


ISUP selection 

criteria: 


PICS 4/19 


Test purpose: 


An ANM is sent after a 200 OK INVITE is received. PSTN XML HigliLayerCompatibiiity 
mapped into the ATP in the ANM 

Ensure that the SUT, having sent the ACM message, on receipt of a 200 OK Message 
containing the PSTN XML HighLayerCompatibility set to l-ILC_VALUE1 

• sends the ANM message with the ATP including the HLC set to HLC VALUE1 . 


SIP Parameter 
values: 


200 OK; PSTN XML HighLayerCompatibility: HLC_VALUE2 (PIXIT) 


ISUP Parameter 
values: 


lAM; ATP HLC1: HLC VALUE1 (PIXIT) 
ATP HLC2: HLC_VALUE2 (PIXIT) 

ANM; ATP HLC: HLC_VALUE2 (PIXIT) 




Comments: 


ISUP/BICC SUT SIP 
lAM ^ ^ INVITE 
ACM «■ «■ 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 
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TP305005 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.5 


TSS reference: 


ISUP-SIP/Basic call/ Sending of the Answer Message (ANM)/ 


SIP selection 
criteria: 


PICS 4/18 AND PICS 2/3 


ISUP selection 
criteria: 


PICS 4/19 


Test purpose: 


An ANM is sent after a 200 OK INVITE is received. PSTN XML BearerCompatibility 
mapped into the ATP and TMU in the ANM 

Ensure that the SUT, having received the lAM message indicating BC fallback and having 
sent the ACM message, on receipt of a 200 OK Message with PSTN XML 
BeaererCapability set to BC_VALUE, 

• sends the ANM message with the ATP including the BC set to BC VALUE and the 
TMU set to TMU VALUE. 


SIP Parameter 
values: 


INVITE; 

PSTN XIML first Bearer Capability: INVITE BC1 
PSTN XIWL second Bearer Capability: INVITE BC2 
200 OK; 

PSTN XML BeaererCapability: BC_VALUE 


ISUP Parameter 
values: 


lAM; USI: Speech/audio3Kbit/s, G.711 A-law 
USI prime: Unrestr. Digital info T/A, G.71 1 A-law 
TMR: 64 kbit/s preferred 
TMR prime: Speech/audioSKbit/s 




ANM; ATP BC: BC VALUE 
TMU: USI VALUE 




Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 
ACM «■ «■ 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

ACK 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 



Values and additional selection criteria for test purposes TP TP305005 


VA_01 


TMU VALUE: speech 
ISUP VALUE: UDI/TA 


BC_VALUE: speech 


VA_02 


TMU VALUE: 3,1 kHz 
ISUP VALUE: UDI/TA 


BC_VALUE: 3,1 kHz 
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TPoOoOOo 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.5 


TSS reference: 


ISUP-SIP/Basic call/ Sending of the Answer IVIessage (ANM)/ 


SIP selection 
criteria: 


PIGS 4/18 AND PICS 2/3 


ISUP selection 
criteria: 


PICS 4/19 


Test purpose: 


An ANM is sent after a 200 OK INVITE is received. No PSTN XML BearerCompatibility 
contained in the 200. Sending of TMU in the ANM 

Ensure that the SUT, having received the lAM message indicating BC fallback and having 
sent the ACM message, on receipt of a 200 OK Message without PSTN XML 
BeaererCapability, 

• sends the ANM message with the ATP including the BC set to USI VALUE and the 
TMU set to TMU VALUE. 


SIP Parameter 
values: 


INVITE; 

PSTN XML first Bearer Capability: INVITE BC1 
PSTN XML second Bearer Capability: INVITE BC2 
200 OK; no BC 


ISUP Parameter 
values: 


lAM; USI: Speech/audio3Kbit/s, G.71 1 A-law 
USI prime: Unrestr. Digital info T/A, G.71 1 A-law 
TMR: 64 kbit/s preferred 
TMR prime: Speech/audio3Kbit/s 




ANM; ATP BC: USI VALUE 
TMU: USLVALUE 




Comments: 


ISUP/BICC SUT SIP 
lAM ^ ^ INVITE 
ACM «■ «■ 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

REL BYE 

RLC «■ «■ 200 OK BYE 



Values and additional selection criteria for test purposes TP305006 


VA_01 


TMU VALUE: speech 
ISUP VALUE: UDI/TA 


VA_02 


TMU VALUE: 3,1 kHz audio 
ISUP VALUE: UDI/TA 
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TP305007 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.5 


TSS reference: 


ISUP-SIP/Basic call/ Sending of the Answer Message (ANM)/ 


SIP selection 
criteria: 


PICS 4/18 AND PICS 2/3 


ISUP selection 
criteria: 


PICS 4/19 


Test purpose: 


An ANM is sent after a 200 OK INVITE is received. PSTN XML HighLayerCompatibility and 
Progresslndicator #5, mapped into the A TP in the ANM 

Ensure that the SUT, having sent the ACM message, on receipt of a 200 OK Message 
containing the PSTN XML HighLayerCompatibility set to HLC_VALUE1 and the PSTN 
XML Progresslndicator set to "Interworking has occurred and has resulted in a 

telecommunication service change (#5)" 

• sends the ANM message with the ATP including the HLC set to HLC_VALUE1 and 
the Progress Indicator set to "Interworking has occurred and has resulted in a 
telecommunication service change (#5)". 


SIP Parameter 
values: 


200 OK INVITE 

PSTN XML HighLayerCompatibility: HLC_VALUE1 (PIXIT) 

PSTN XML Progresslndicator: Interworking has occurred and has resulted In a 

telecommunication service change (#5) 


ISUP Parameter 
values: 


lAM; ATP HLC1 : HLC VALUE1 (PIXIT) 
ATP HLC2: HLC_VALUE2 (PIXIT) 






ANM; ATP HLC: HLC_VALUE1 (PIXIT) 

ATP Progress Indicator: Interworking has occurred and has resulted in a 
telecommunication service change (#5) 


Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 
ACM «■ «■ 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 
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TPoOoOOo 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.5 


TSS reference: 


ISUP-SIP/Basic call/ Sending of the Answer Message (ANM)/ 


SIP selection 
criteria: 


PICS 4/18 AND PICS 2/3 


ISUP selection 
criteria: 


PICS 4/19 


Test purpose: 


An ANM is sent after a 200 OK INVITE is received. PSTN XML BearerCapability and 
Progresslndicator #5, mapped into the A TP and TMU in the ANM 

Ensure that the SUT, having received the lAM message indicating BC fallback and having 
sent the ACM message, on receipt of a 200 OK Message with PSTN XML 
BearerCapability information element set to BC^VALUE and the PSTN XML 
Progresslndicator set to "Interworking has occurred and has resulted in a 
telecommunication service change (#5)" 

• sends the ANM message with the ATP including the BC set to BC_VALUE and the 
TlUlU set to USI_VALUE and the Progress Indicator set to "Interworking has occurred 
and has resulted in a telecommunication service change (#5)". 


SIP Parameter 
values: 


INVITE: 

PSTN XML first Bearer Capability: INVITE BC1 
PSTN XML second Bearer Capability: INVITE BC2 
200 OK: 

PSTN XML BearerCapability: BC_VALUE 

PSTN XML Progresslndicator: Interworking has occurred and has resulted in a 

telecommunication service change (#5) 


ISUP Parameter 
values: 


lAM; USI: Speech/audio3Kbit/s, G.71 1 A-law 
USI prime: Unrestr. Digital info T/A, G.71 1 A-law 
TMR: 64 kbit/s preferred 
TMR prime: Speech/audio3Kbit/s 

ANM; ATP BC: BC_VALUE 

ATP Progress Indicator: Interworking has occurred and has resulted in a 
telecommunication service change (#5) 
TMU: TMU_VALUE 


Comments: 


ISUP/BICC SUT SIP 

lAM INVITE 
ACM «■ «■ 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 



Values and additional selection criteria for test purposes TP305008 


VA_01 


TMU VALUE: speech 
ISUP VALUE: UDI/TA 


BC_VALUE: speech 


VA_02 


TMU VALUE: 3,1 kHz 
ISUP VALUE: UDI/TA 


BC_VALUE: 3,1 kHz 
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6.2.2.6 Sending of the CON message 



TP306001 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.5 


TSS reference: 


ISUP-SIP/Basic call/ Sending of the Connect Message (CON)/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 


NOT PICS 4/9 


Test purpose: 


CON is sent after 200 was received 






Ensure that the BUT, having not sent the ACM message, on receipt of a 200 OK INVITE 
for this call, it shall stop timer T0IW2 (if running): 




• Send CON as detemnined by BICC/ISUP procedures. 

• Stop any existing awaiting answer indication (e.g. ringing tone) BCI encoded as 
followed: 

Interworking indicator: interworking encountered 

ISUP indicator: ISUP not used all the way 

ISDN access Indicator: terminating access non-ISDN 


SIP Parameter 
values: 


200 OK INVITE; 


ISUP Parameter 

l#£lll IOC 


CON: lnterworl<ing indicator: interworking encountered 
ISUP indicator: ISUP not used all the way 
ISDN access Indicator: terminating access non-ISDN 


Comments: 


ISUP/BICC SUT SIP 
lAM ^ ^ INVITE 
CON «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

REL BYE 

RLC «■ «■ 200 OK BYE 



TP306002 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.5 


TSS reference: 


ISUP-SIP/Basic call/ Sending of the Connect Message (CON)/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 


NOT PICS 4/9 AND PICS 4/1 7 


Test purpose: 


lAM received with TMR 64 I^Bit/s. BCI in ttie CON indicates ISDN access 

Ensure that the SUT, having not sent the ACM message, on receipt of a 200 OK INVITE 
for this call, it shall stop timer T0IW2 (if running): 

• Send CON as determined by BICC/ISUP procedures. 

• Stop any existing awaiting answer indication (e.g. ringing tone) BCI encoded as 
follows: 

Interworking indicator: no interworking encountered (0) 

ISUP indicator: ISUP used all the way 

ISDN access Indicator: "terminating access ISDN" 


SIP Parameter 
values: 


200 OK INVITE 


ISUP Parameter 
values: 


CON: 

interworking indicator: no interworking encountered (0) 

ISUP indicator: ISUP used all the way 

ISDN access indicator: "terminating access ISDN" 


Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 
CON «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 
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TPoOoUOo 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.5 


TSS reference: 


ISUP-SIP/Basic call/ Sending of the Connect Message (CON)/ 


SIP selection 
criteria: 


PICS 4/18 


ISUP selection 
criteria: 




Test purpose: 


A CON is sent after a 200 OK INVITE is received. PSTN XML Progresslndicator #x 
mapped into tlieATP in tlie CON 

Ensure that on receipt of a 200 OK message containing the PSTN XML 
Progresslndicator set to PI VALUE 

sends the CON message with the ATP including the PSTN XML Progresslndicator set to 

PI VALUE. 


SIP Parameter 
values: 


200 OK INVITE: PSTN XML Progresslndicator: PLVALUE (PIXIT) 


ISUP Parameter 
values: 


ANM- ATP Proaress Indicator' PI VALUE ^PIXIT) 


Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 
CON «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 



TP306004 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.5 


TSS reference: 


ISUP-SIP/Basic call/ Sending of the Connect Message (CON)/ 


SIP selection 
criteria: 


PICS 4/18 


ISUP selection 
criteria: 




Test purpose: 


A CON is sent after a 200 OK INVITE is received. PSTN XML LowLayerCompatibility 
mapped into the ATP in the CON 

Ensure that on receipt of a 200 OK Message containing the PSTN XML 
LowLayerCompatibility set to LLC_VALUE 

sends the CON message with the ATP including the LLC set to LLC_VALUE. 


SIP Parameter 
values: 


200 OK INVITE: PSTN XML LowLayerCompatibility: LLC_VALUE (PIXIT) 


ISUP Parameter 
values: 


CON: ATP LLC: PI_VALUE (PIXIT) 


Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 
CON «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

REL BYE 

RLC «■ «■ 200 OK BYE 
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TPoOoUOO 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.5 


TSS reference: 


ISUP-SIP/Basic call/ Sending of the Connect Message (CON)/ 


SIP selection 
criteria: 


PICS 4/18 AND PICS 2/3 


ISUP selection 
criteria: 


PICS 4/19 


Test purpose: 


A CON is sent after a 200 OK INVITE is received. PSTN XML HighLayerCompatibility 
mapped into the ATP in ttie CON 

Ensure that on receipt of a 200 OK Message containing the PSTN XML 
HighLayerCompatibility set to HLC_VALUE1 

sends the CON message with the ATP including the HLC set to HLC VALUE1 . 


SIP Parameter 
values: 


200 OK INVITE: PSTN XML HighLayerCompatibility: HLC_VALUE2 (PIXIT) 


ISUP Parameter 
values: 


lAM; ATP HLC1 : HLC_VALUE1 (PIXIT) 
ATP HLP2- HI C, VAI IIF? CPIXIT^ 

r\ 1 ■ 1 1 ^ ■ 1 1 1_\_/ V f\ 1 ^ 1 1— \i \/\\ \ J 

ACON: ATP HLC: HLC VALUE2 (PIXIT) 


Comments' 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 
CON «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 




TP306006 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.5 


TSS reference: 


ISUP-SIP/BasIc call/ Sending of the Connect Message (CON)/ 


SIP selection 
criteria: 


PICS 4/18 AND PICS 2/3 


ISUP selection 
criteria: 


PICS 4/19 


Test purpose: 


A CON is sent after a 200 OK INVITE is received. PSTN XML BearerCompatibiiity mapped 
into the ATP and TMU in the CON 

Ensure that the SUT, having received the lAM message indicating BC fallback on receipt of 
a 200 OK Message with PSTN XML BeaererCapability set to BC_VALUE, 

sends the CON message with the ATP Including the BC set to BC VALUE and the TMU 
set to TMU VALUE. 


SIP Parameter 
values: 


INVITE; 

PSTN XML first Bearer Capability: INVITE BC1 
PSTN XML second Bearer Capability: INVITE BC2 




200 OK INVITE 

PSTN XML BeaererCapability: BC VALUE 




ISUP Parameter 
values: 


lAM; USI: Speech/audio3Kbit/s, G.71 1 A-law 
USI prime: Unrestr. Digital infoT/A, G.711 A-law 
TMR: 64 kbit/s preferred 
TMR prime: Speech/audio3Kbit/s 




CON: ATP BC: BC VALUE 
TMU: TMU_VALUE 




Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 
CON «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

REL BYE 

RLC «■ «■ 200 OK BYE 
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Values and additional selection criteria for test purposes TP TP306006 


VA_01 


TMU VALUE: speech 
ISUP VALUE: UDI/TA 


BC_VALUE: speech 


VA_02 


TMU VALUE: 3,1 kHz 
ISUP VALUE: UDI/TA 


BC_VALUE: 3,1 kHz 



TP306007 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.5 


TSS reference: 


IQI IP-QIP/Racir» oall/ QonHinn rsi tho Pnnnort Kyioccano /PONh/ 
lOUr Olr/DaolL> Uclll/ OcllUlliy Ul Lllc wUllllcuL IVIcoodyc ^wV^INJ/ 


SIP selection 

Lrl 1 ICI tOm 


PICS 4/18 AND PICS 2/3 


ISUP selection 
criteria: 


PICS 4/19 


Test purpose: 


A CON is sent after a 200 OK INVITE is received. No PSTN XML BearerCompatibility 
contained in the 200. Sending of TMU in the CON 

Ensure that the BUT, having received the lAIV! message Indicating BC fallback on receipt of 
a 200 OK IVlessage without PSTN XML BeaererCapability, 

sends the CON message with the ATP including the BC set to USI VALUE and the TMU 
set to TMU VALUE. 


SIP Parameter 
values: 


INVITE; 

PSTN XML first Bearer Capability: INVITE BC1 
PSTN XML second Bearer Capability: INVITE BC2 




200 OK INVITE: no BC 




loUK Karanneier 
values: 


lAM; USI: Speech/audio3Kbit/s, G.711 A-law 
USI prime: Unrestr. Digital info T/A, G.71 1 A-law 
TMR: 64 kbit/s preferred 
TMR prime: Speech/audio3Kbit/s 




CON: ATP BC: USI VALUE 
TMU: TMU_VALUE 




Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 
CON «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

REL BYE 

RLC «■ «■ 200 OK BYE 



Values and additional selection criteria for test purposes TP306007 


VA_01 


TMU VALUE: speech 
ISUP VALUE: UDI/TA 


VA_02 


TMU VALUE: 3,1 kHz audio 
ISUP VALUE: UDI/TA 
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TPoOoOOo 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.5 


TSS reference: 


ISUP-SIP/Basic call/ Sending of the Connect Message (CON)/ 


SIP selection 
criteria: 


PICS 4/18 AND PICS 2/3 


ISUP selection 
criteria: 


PICS 4/19 


Test purpose: 


A CON is sent after a 200 OK INVITE is received. PSTN XML HighLayerCompatibility and 
Progresslndicator #5, mapped into the ATP in the CON 

Ensure that the SUT on receipt of a 200 OK Message containing the PSTN XML 
HighLayerCompatibility set to HLC_VALUE1 and the PSTN XIUIL Progresslndicator set 

to "Intenworking has occurred and has resulted in a telecommunication service change 
(#5)" 

sends the CON message with the ATP including the HLC set to HLC_VALUE1 and the 
Progress indicator set to "Intenworking has occurred and has resulted in a 
telecommunication service change (#5)". 


SIP Parameter 
values: 


200 OK INVITE 

PSTN XML HighLayerCompatibility: HLC VALUE1 (PIXIT) 

PSTN XML Progresslndicator: Interworking has occurred and has resulted in a 

telecommunication service change (#5) 


ISUP Parameter 
values: 


lAM; ATPHLC1:HLC VALUE1 (PIXIT) 
ATP HLC2: HLC VALUE2 (PIXIT) 
CON: ATP HLC: HLC_VALUE1 (PIXIT) 

ATp Prnrii'pec Indicator' Intprwnrkinn ha^; nmirrprl and ha^; rpQiiltpd in a 

II I 1 ■ 1 1 lU 1 wOtVI ■ III 1^1 vv W 1 l\l 1 1^ II CIO t^V_iWLI 1 1 \j\A O.I IKJ 1 lUO 1 V^OLI 1 III CI 

telecommunication service change (#5) 


Comments: 


ISUP/BICC SUT SIP 
lAM ^ ^ INVITE 
CON «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

REL ^ BYE 

RLC «■ «■ 200 OK BYE 
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TPoOoOOa 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.5 


TSS reference: 


ISUP-SIP/Basic call/ Sending of the Connect Message (CON)/ 


SIP selection 
criteria: 


PICS 4/18 AND PICS 2/3 


ISUP selection 
criteria: 


PICS 4/19 


Test purpose: 


A CON is sent after a 200 OK INVITE is received. PSTN XML BearerCapability and 
Progresslndicator #5, mapped into the A TP and TMU in the CON 

Ensure that the SUT, having received the lAM message indicating BC fallback and having 
sent the ACM message, on receipt of a 200 OK Message with PSTN XML 
BearerCapability information element set to BC__VALUE and the PSTN XML 
Progresslndicator set to "Interworking has occurred and has resulted in a 
telecommunication service change (#5)" 

sends the CON message with the ATP including the BC set to BC_VALUE and the TMU 
set to TMU_VALUE and the Progress Indicator set to "Intenworking has occurred and has 
resulted in a telecommunication service change (#5)". 


SIP Parameter 
values: 


INVITE; 

PSTN XML first Bearer Capability: INVITE BC1 
PSTN XML second Bearer Capability: INVITE _BC2 

200 OK INVITE 

PSTN XML BearerCapability: BC_VALUE 

PSTN XML Progresslndicator: Interworking has occurred and has resulted in a 
telecommunication service change (#5) 


ISUP Parameter 
values: 


lAM; USI: Speech/audio3Kbit/s, G.71 1 A-law 
USI prime: Unrestr. Digital info T/A, G.711 A-law 
TMR: 64 kbit/s preferred 
TMR prime: Speech/audio3Kbit/s 

CON: ATP BC: BC_VALUE 

ATP Progress Indicator: Interworking has occurred and has resulted in a 
tplpmmmi iniratinn ^prvirp rhannp ^#^^ 

Ldc^i^\yl iiiiiuiii^^diiwii Odviv^cv^iidiiuc \tt\j J 

TMU: TMU VALUE 


Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 
CON «■ «■ 200 OK INVITE 

ACK 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 



Values and additional selection criteria for test purposes TP306009 


VA_01 


TMU VALUE: speech 
ISUP VALUE: UDI/TA 


BC_VALUE: speech 


VA_02 


TMU VALUE: 3,1 kHz 
ISUP VALUE: UDI/TA 


BC_VALUE: 3,1 kHz 
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6.2.2.7 Receipt of the Release message (REL) 



TP307001 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.8 


TSS reference: 


ISUP-SIP/Basic call/ Receipt of the Release message (REL)/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


REL received before INVITE was sent 






Ensure that the SUT after receiving the lAM but before an INVITE has been sent. On 
receipt of a REL message: 




• no action is required on the SIP side other than to terminate local procedures if any 
are in progress. 


SIP Parameter 
values: 




ISUP Parameter 
values: 


REL: cause value: CV ISUP (PIXIT) 
location: LOCJSUP (PIXIT) 


Comments: 


ISUP/BICC SUT 
lAM ^ 
REL ^ 
RLC «■ 


SIP 



TP307002 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.8 


TSS reference: 


ISUP-SIP/Basic call/ Receipt of the Release message (REL)/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


REL received, BYE is sent after ACK for 200 OK was sent before early dialogue 

Ensure that the SUT after receiving the lAM with the complete called party number, 
sending an INVITE message on receipt REL message before a 200 OK response (any) 
message has been received which establishes a confirmed dialogue: 

• The SUT shall hold the REL message until a SIP 200 OK INVITE response has been 
received. 

• The SUT shall send a BYE request. The cause Value Indicator parameter defined as 
CV ISUP shall be mapped to the Reason header field defined as CV SIP. 


SIP Parameter 
values: 


cause value: CV_SIP (PIXIT) 


ISUP Parameter 
values: 


REL: cause value: CV ISUP (PIXIT) 
location: LOCJSUP (PIXIT) 


Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 
REL ^ 
RLC «■ 

«■ 200 OK INVITE 

^ ACK 

^ BYE 

«■ 200 OK BYE 
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Tr3070u3 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.8 


TSS reference: 


ISUP-SIP/Basic call/ Receipt of the Release message (REL)/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


200 OK INVITE received before 200 OK CANCEL was received. A BYE is sent 

Ensure that the SUT after receiving the lAIVl with the complete called party number, 
sending an INVITE message. On receipt of a REL message before a 200 OK response 
message has been received: 

• The SUT shall hold the REL message. A CANCEL is sent when any SIP response 
was been received. 

• On subsequently receiving 200 OK INVITE messages, the SUT shall send an ACK for 
the 200 OK INVITE and subsequently send a BYE request after the ACK has been 
sent. The cause Value Indicator parameter defined as CVJSUP shall be mapped to 
the Reason header field defined as CV SIP. 


SIP Parameter 
values: 


BYE: cause value: CV_SIP (PIXIT) 


ISUP Parameter 

values: 


REL: cause value: CV ISUP (PIXIT) 
location: LOCJSUP (PIXIT) 


Comments: 


ISUP/BICC SUT SIP 
lAM ^ ^ INVITE 

1 00 Trying 

REL ^ 
RLC «■ 

^ CANCEL 

«■ 200 OK INVITE 

«■ 200 OK CANCEL 

^ ACK 

^ BYE 

«■ 200 OK BYE 
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1 r OU7UU4 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.8 


TSS reference: 


ISUP-SIP/Basic call/ Receipt of the Release message (REL)/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


REL received before early dialogue is established. 

Ensure that the SUT after receiving the lAIVI with the complete called party number, 
sending an INVITE message. On receipt of a REL message before an early dialogue with 
the message defined as SIP_MESSAGE has been established: 

• The SUT shall hold the REL message until a SIP_MESSAGE_VA response has been 
received. 

• The SUT shall send a CANCEL request. The cause Value Indicator parameter 
defined as CV ISUP shall be mapped to the Reason header field defined as CV SIP. 


SIP Parameter 
values: 


CANCEL: cause value: CV_SIP (PIXIT) 


ISUP Parameter 
values: 


REL: cause value: CV ISUP (PIXIT) 
location: LOCJSUP (PIXIT) 


Comments: 


ISUP/BICC SUT SIP 

lAM INVITE 
REL 

RLC «■ 

«■ SIP_IVIESSAGE_VA 

^ CANCEL 

«■ 200 OK CANCEL 

487 Request terminated 
^ ACK 



TP307005 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.8 


TSS reference: 


ISUP-SIP/Basic call/ Receipt of the Release message (REL)/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


REL received, BYE is sent after ACK for 200 OK was sent in early dialogue 

Ensure that the SUT after receiving the lAM with the complete called party number, 
sending an INVITE message. On receipt of a REL message after a 200 OK response 

message has been received: 

• The SUT shall send a BYE request after the ACK has been sent. The cause Value 
Indicator parameter defined as CVJSUP shall be mapped to the Reason header field 

defined as CV SIP. 


SIP Parameter 
values: 


BYE: cause value: CV_SIP (PIXIT) 


ISUP Parameter 
values: 


REL: cause value: CV ISUP (PIXIT) 
location: LOC ISUP (PIXIT) 


Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 
ACM «■ «■ 180 Ringing 
ANM «■ «■ 200 OK INVITE 
REL ^ 

RLC «■ ^ ACK 

^ BYE 
«■ 200 OK BYE 
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Tr3070UD 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.8 


TSS reference: 


ISUP-SIP/Basic call/ Receipt of the Release message (REL)/ 


SIP selection 
criteria: 




iSUP selection 
criteria: 




Test purpose: 


REL received, BYE is sent after ACK for 200 OK was sent in early dialogue establistied by 

several messages 

Ensure that the SUT after receiving the lAIVl with the complete called party number, 
sending an INVITE message. On receipt of a REL message after an early dialogue with 
the SIP message defined with the SIP_MESSAGE_VA has been established: 

• The SUT shall send a CANCEL request. The cause Value Indicator parameter defined 
as CV ISUP shall be mapped to the Reason header field defined as GV SIP. 


SIP Parameter 
values: 


CANCEL: cause value: CV_SIP (PIXIT) 


ISUP Parameter 
values: 


REL: cause value: CV ISUP (PIXIT) 
location: LOCJSUP (PIXIT) 


Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 

«■ SIP MESSAGE VA 

REL ^ 
RLC «■ 

CANCEL 
«■ 200 OK CANCEL 
<■ 487 Request terminated 

ACK 



Table 11 



Values for test purpose TP307004; TP307006 


VA 


SIP MESSAGE VA 


VA 1 


180 Ringing 


VA 2 


1 81 Call Is Being Forwarded 


VA 3 


182 Queued 


VA 4 


1 83 Session Progress 



Table 12 



Values for test purposes 307004 - 307006 




<-SIP Message 


<-REL 




Reason header field 


Cause Indicators parameter 




CV_SIP 


CVJSUP 


VA 1 


Normal call clearing # 16 


Normal call clearing # 16 


VA 2 


Normal, unspecified # 31 


Normal, unspecified # 31 


VA 3 


Temporary failure # 41 


Temporary failure # 41 


VA 4 


Invalid message, unspecified # 95 


Invalid message, unspecified # 95 


VA 5 


Recovery on timer expiry # 1 02 


Recovery on timer expiry # 1 02 


VA 6 


Protocol error, unspecified #111 


Protocol error, unspecified #111 
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Table 13: Mapping of Cause Indicators parameter into SIP Reason header fields 



Cause indications 
parameter field 


Value of parameter 
field 


component of SIP Reason 
header field 


Component value 






Protocol 


"ITU-T Rec Q.850 15]' 


Cause Value 


"XX' (see note 1) 


Protocol-cause 


"cause= XX' 
(see note 1) 






Reason-text 


Should be filled with the 
definition text as stated in 
ITU-T Recommendation 
Q.850 [5] (see note 2) 


NOTE 1 : "XX" is the Cause Value as defined In ITU-T Rec Q.850 [5]. 

NOTE 2: Due to the fact that the Cause Indications parameter does not include the definition text as defined In 
table1/ITU-T Recommendation Q.850 [5] this is based on provisioning In the 0-IWU. 



6.2.2.8 Sending of a REL message / receipt of a backward BYE 



TP308001 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.7 


TSS reference: 


ISUP-SIP /Basic call/ Sending of the Release message (REL)/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


BYE received, REL cause #16 is sent 






Ensure that the SUT after receiving the lAIVI sends out an INVITE message and on receipt 
of a BYE message where a Reason header field with ITU-T Recommendation Q.850 [5] 
Cause Value Is not Included: 




• sends a REL message with the Cause value Value No. 1 8 {"normal clearing"). 


SIP Parameter 
values: 




ISUP Parameter 

values: 


REL; Cause value "Normal call clearing" 


Comments: 


ISUP/BICC SUT SIP 
lAIVI ^ ^ INVITE 
ACM «■ «■ 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

REL «■ «■ BYE 

RLC ^ ^ 200 OK BYE 
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TroOoOUZ 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.7 


TSS reference: 


ISUP-SIP /Basic call/ Sending of the Release message (REL)/ 


SIP selection 
criteria: 


PICS 4/1 1 


ISUP selection 
criteria: 




Test purpose: 


BYE Reason header #x received, REL cause #x is sent 

Ensure that the SUT after receiving the lAM sends out a INVITE message and on receipt 
of a BYE message where a Reason header field with ITU-T Recommendation Q.850 [5] 
Cause Value is included: 

• sends a REL message. The Cause Value is in the Reason header filed mapped to the 
ISUP Cause Value field in the ISUP REL. 


SIP Parameter 
values: 


BYE cause value: CV_SIP (PIXIT) 


ISUP Parameter 
values: 


REL; cause value: CV_ISUP (PIXIT) 


Comments: 


ISUP/BICC SUT SIP 

lAM INVITE 
ACM «■ «■ 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

ACK 

Conversation 

REL «■ «■ BYE 

RLC ^ ^ 200 OK BYE 



Table 14: Mapping of SIP Reason header fields into Cause Indicators parameter 



component of SIP 
Reason header field 


Component value 


BiCC/ISUP Parameter / field 


value 


Protocol 


" ITU-T Rec Q.850 15]' 


Cause Indication parameter 




protocol-cause 


"cause = XX" (see note) 


Cause Value 


"XX" (see note) 






Location 


"network beyond 
interworking point" 


NOTE: "XX" is the Cause Value as defined in ITU-T Recommendation Q.850 [5]. 



TP308003 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.7 


TSS reference: 


ISUP-SIP /Basic call/ Sending of the Release message (REL)/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


Final response without Reason header received, mapping in REL 

Ensure that the SUT after receiving the lAM sends out an INVITE message. On receipt of 

a Failure message (4xx, 5xx, 6xx) where a Reason header field with 

ITU-T Rec Q.850 [5] Cause Value is not included defined as SIP_Failure_VA: 

• sends a REL message with the Cause value set to CVJSUP. 


SIP Parameter 
values: 




ISUP Parameter 
values: 


REL; cause value: CV_ISUP 


Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 

REL «■ «■ SIP Failure VA 

RLC ^ ^ ACK 
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Table 15 



Values for test purpose TP308003 


VA 


\ — rid- ^V^dUoc VdlUcJ 
PV |c%||P 


y ^vv/cvv/cvv cm meccano 

QIP FfliliirA VA 
oil ndiiuic VH 


VM U 1 


1 ^1/ iiuurwui f\iriy 


Af\r\ Rarl Qom lact 
^UU DdU iicClucbl 


\/ A no 


1 iiUurwurKiiiy 


H-U 1 UlldUll lUilbcU 


\/A m 


1 ^ / 1 1 ILt^l VvUI r\ll ly 


AC\0 Pa\/mon+ RoniiiroH 
'-T\jc. 1 dyiiitJiiL ncL^uiicu 


VA OA 


1 ^ / II ILCI WUI l\ll lU 


*tuo nui uiuuci 1 


\/A 


1 ^ / II ILCl WUI IMI ivj 


H-UU IVIcLI lUU INUL MIIUWcU 


\/A nR 

VM UD 


1 £1/ iruciwurMiiy 


H-UD InUI MCCupidUlu 


\/A C\7 
VM U / 


1 ^1/ iiuurwurKiiiy 


'fU/ riUXy dULilUiUIUdLlUil rt;(_lUirtiU 


\/A Dft 

V M UO 


1 ^ / 1 1 ILC^I VvUI r\ll ly 


AOfi Roni i^ct Ximom it 

H-UO ncLjUCOL IIIIICUUL 


VA nq 

V M U\3 


00 Ml imhor r'hannorl /\A/ithni it Hiannr»ctir'\ 
iMUi 1 luci Lri icti lycvj ^wiii luu L uicty 1 luoiiuy 


*+ 1 U VJUl IC 


\/A 1 n 

VM 1 U 


1^1 11 iici WUI IMI ly 


4i '5 Dam lact Pntiti/ tnn Irtnn 
*+ 1 o ricLfUcoi diiiiy luu luiiy 


\/A 1 1 
VM II 


"i 07 1 n+QK^Ai/"!!"!^! n/^ 

1 £1/ iiUuiwurixiriy 


^ 1 H ritjqUubl Uil LUU lUi ly 


\/A 1 9 

V M 1 ^ 


1 07 1 ntoRA/nrLfinn 
1 ^ / II iLc;i vvui r\n ly 


41 R 1 InciinnnrtoH l\/loHia t\/no 
*+ 1 u ui ioU|j|Jui LUU iviuuid Lyjjt; 


VA 13 


1 P7 IntPHA/nrkinn 
1 ^ / 1 1 1 Ld VVUI i\i 1 ly 


41 R 1 InQi jnnnrtpH 1 IRI ^phpmp 

H-IU V-'lloUIJIJUILCU Ulil oOl ICI 1 IC 


VA 14. 

V M 1 t 


i 07 1 nt(^nA/orLf inn 
1 ^ / II iLd WUI i\i[ ly 


AOr\ Rarl pYtoncinn 

't^U Dd.U ^ALCI lolUI 1 


\/A 1 

VM 1 O 


1 ^ / 11 ILCl WUI IMI ly 


H-^ 1 ^AlCllolUII icLjullcU 


\/A 1 R 
VM ID 


1 £_ / iriiciwurMi ty 


H^lO liUurVdl 1 UU Dilcl 


\/A 1 7 

V M 1 / 


00 ^1 ihcrriKor ahcont 


H-ou 1 ci 1 i|JUi a.1 iiy kji icivciiiciuiu 


\/A 1 ft 

V M 1 O 


1 07 1 ntonA/nrl^inn 
II iLc^i WUI ixii ly 


4ft1 Oall/Xrancar^tinn rinoc nnt ovict 

H-O 1 V-/d.ll/ 1 1 Cll loCiULIUI 1 UUCO I lUL CAIoL 


VA iq 

V M 1 73 


'\07 1 ntoHA/nrl^ inn 

1^1 II ILCl WUI IMI ly 


H-O^ l_UU|J LJCLCULCU 


\/A on 

VM ^U 


"i 07 1 ntanA/rM'l^inn 

1^1 II ILCl WUI IMI ly 


H-oo 1 UU iiidiiy nu|Jb 


\/A 91 

V M ^1 


1 07 1 ntonA/z^rU'i nn 
1 ^ / 11 lit; 1 WUI IMI ly 


4ft ^ A mhim im i c 
H-OO /AlllUiyUUUb 


\/A 99 

V M 


1 7 1 Icor hi ic\/ 
1 / iJoci UUoy 


4ftfi Ri iQ\/ Hprp 


\/A 9"^ 

V M 


07 1 ntonA/nrl^inn 

1^1 II ILUI WUI IMI ly 


4ftft Mnt arT'ontahlo horo 

H-oo INUL dUUUjJlClUlU IICIC 


VA 94. 

V M 


'\07 1 ntor\A/nrkinn 

1^1 II ILCl WUI IMI ly 


H-<70 LJI lUCUIfJI ICI ClUIC 


\/A 9ti 

VM 


1^1 li ILCl WUI IMI ly 


UUU OclVcl IIILCllldl ClIUI 


\/A 9R 

VM llO 


1 07 1 ntorvA/z^rH nn 
1 ^ / 1 1 ILUI WUI iMi ly 


'^n1 Mnt imnlomonto/H 
OU 1 InUI 11 1 ipiui 1 IUI 1 LcU 


VA 27 


127 IntGrworking 


502 Bad Gatewav 


VA 28 


127 Interworking 


503 Service Unavailable 


VA 29 


127 Interworking 


504 Server timeout 


VA 30 


127 Interworking 


505 Version not supported 


VA 31 


127 Interworking 


513 Message too large 


VA 32 


127 Interworking 


580 Precondition failure 


VA 33 


17 User busy 


600 Busy Everywhere 


VA 34 


21 Call rejected 


603 Decline 


VA 35 


1 Unallocated number 


604 Does not exist anywhere 


VA 36 


127 Interworking 


606 Not acceptable 



TP308004 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.7 


TSS reference: 


ISUP-SIP /Basic call/ Sending of the Release message (REL)/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


Final response without Reason header received, mapping in REL 

Ensure that the SUT after receiving the lAM sends out an INVITE message. On receipt of 

a Failure message (4xx, 5xx, 6xx) where a Reason header field with 

ITU-T Recommendation Q.850 [5] Cause Value CV ISUP is included defined as 

SIP_Failure_VA: 

• sends a REL message with the Cause value set to CVJSUP. 


SIP Parameter 
values: 




ISUP Parameter 
values: 


REL; cause value: CV_ISUP 


Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 
REL(#xx) «■ «■ SIP Failure VA 
RLC ACK 
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Table 16 



Values for test purpose TP308004, TP308005 


VA 


X — ri ^ 1— ^wciuoc value nAi i j 


^dYY/'?Yy/fiyy QIP meccano 

QIP FfliliirA VA 
oil ndiiuic VH 


VM U 1 




Ann DoH Qani loot 


VM U<1 


c\/ IP 


H-U 1 UlldUlllUribcU 


V UO 


rv ic;i IP 

O V lour 


AC\0 Pa\/mon+ RoniiiroH 
H-u^ ndyiiitJiiL nt;L|Uiit5U 


VA OA 


PV |c;i IP 

\j V lour 


ACS"^ FnrhiHHpn 


VA 


PV l<?l IP 


Ar\^ ^ylothnr^ Mnt AllniA/orl 


VA nfi 


PV l«?l IP 
\jv lOU r 


'fUD INUl MOOcjJlclUlfc; 


VA 07 


PV ic;i IP 

v.-* V lOU r 


ACW Prr\v\/ qi ithontir'Qtif^n ro/~ii liroH 
'fU/ rlUXy clUll IfcJi IllOdllUl 1 IcL^UIIcU 


VA ns 


PV ic;i IP 

o V lou n 


AC\?K Rom loct Ximoriiit 


VA OQ 

V rt UJ7 


PV |c;i IP 

O V lour 


A^ n r^nno 


VA 1 n 

V r\ 1 u 


PV l<?l IP 
wV lOUr 


41 '5 DAni lact Pntitx/ tr\r\ Irtnn 
lo ncL|UcoL ciuiiy luu luiiy 


VA 1 1 

V M II 


PV l«?l IP 
yjv IOUr 


AAA Rom loct-i iri t/^/^ Innn 

f 1 'f nyL]Uc:oi uii Luu luiiy 


VA 1 P 

V AA 1 ^ 


PV mi IP 

\j V lour 


t 1 \j \J\ loU|J|JUi LcU lvlc;UICt iy|Jc 


VA 1 T 

V AA 1 O 


PV |c;i IP 

\j V lou n 


41 1 Inci innnr+orl 1 IRI cphomo 
H- 1 O U 1 loU)J)JUI Lcu u ni oL»l ICI 1 IC 


VA 14 

V AA 1 1 


PV |c;i IP 

U V lour 


A0(\ RaH Fvtoncinn 


VA 1 Ia 
V rA 1 o 


PV l<?l IP 
\jv IOUr 


H-^ 1 QALcllolUil ICLjUIICU 


VA 1 R 

V AA ID 


PV |C;| IP 

U V IOUr 


H-^O llilclVcil 1 (JU Dllul 


VA 17 
V AA 1 / 


PV ic;i IP 

U V lour 


H-ou 1 ^1 1 ipui cii iiy vj 1 ici vctiiciuic; 


VA 1 R 

V AA 1 O 


PV ic;i IP 

U V lour 


4R1 ll/Tra ncar'tir\n Hrtoc nr*t ovict 


VA 1Q 

V AA 1 J 


PV RIIP 

U V lour 


H-O^ l_UU|J L^ClCUlCU 


VA 9n 

V AA ^U 


PV ic;i IP 

OV IOUr 


'rOO 1 UU lllctliy IIU|Jo 


VA 91 

V AA £11 


PV Rl IP 

U V IOUr 


Aft^ Amhini \r\i ic 
H-OO MiMUiyUUUo 


VA ?9 

V AA 


PV |c;i IP 

U V lour 


4ftR Ri iQu Hpro 


VA 9T 

V AA 


PV |c;i IP 

U V lour 


4ftft Mr^t arT'ontaKlo horo 


VA 94 

V AA 


PV ic;i IP 

O V lour 


40*^ 1 InHor'irthorshtlct 


VA 9R 

V AA 


PV l<?l IP 
\jv IOUr 


Qan/ar* Internal oi'i'ni' 


VA 9fi 

V AA £1U 


PV l<5l IP 
v.-* V IOUr 


'^^1 Mr»t imnlomonta/H 
\j\J \ INUi M 1 l|Jlt;l 1 lUi UcU 


VA 27 


CV ISUP 


502 Bad Gatewav 


VA 28 


CV ISUP 


503 Service Unavailable 


VA 29 


CV ISUP 


504 Server timeout 


VA 30 


CV ISUP 


505 Version not supported 


VA 31 


CV ISUP 


513 IVIessage too large 


VA 32 


CV ISUP 


580 Precondition failure 


VA 33 


CV ISUP 


600 Busy Everywhere 


VA 34 


CV ISUP 


603 Decline 


VA 35 


CV ISUP 


604 Does not exist anywhere 


VA 36 


CV ISUP 


606 Not acceptable 



ETSI 



187 



ETSI TS 186 009-2 V2.1.1 (2009-03) 



TP308005 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.7 


TSS reference: 


ISUP-SIP /Basic call/ Sending of the Release message (REL)/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


Final response contains a Reason header in early dialogue received 

Ensure that the SUT after receiving the lAM sends out an INVITE message, a SIP 
message defined as SIP_MESSAGE_VA has been received on receipt of a Failure 
message {4xx, 5xx, 6xx) defined as SIP_Failure_VA where a Reason header field with 
ITU-T Recommendation Q.850 [5] Cause Value is included: 

• sends a REL message. The Cause Value in the header field set to CV_SIP is mapped 
to the ISUP Cause Value field in the ISUP REL message with the Cause value set to 
CV ISUP. 


SIP Parameter 
values: 


GV_SIP (PIXIT) 


I5>LJP Paramptpr 
values: 


CV_ ISUP (PIXIT) 


Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 

«■ SIP MESSAGE_VA 

REL «■ «■ SIP Failure VA 
RLC ^ ^ ACK 



Table 17 



Values for test purpose TP308005 


VA 


SIP MESSAGE_VA 


VA 1 


180 Ringing 


VA 2 


181 Call Is Being Forwarded 


VA 3 


1 82 Queued 


VA 4 


1 83 Session Progress 



TP308006 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.7 


TSS reference: 


ISUP-SIP /Basic call/ Sending of the Release message (REL)/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


Final response without Reason header received, mapping in REL 

Ensure that the SUT after receiving the lAM sends out an INVITE message. On receipt of 
a response message (3xx) defined as SIP_Response_VA, the SUT: 

• sends a REL message with the Cause value 1 27 Intenn/orking. 


SIP Parameter 
values: 




ISUP Parameter 
values: 


REL; cause value: 127 


Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 
REL(#127) «■ «■ SIP_Response_VA 
RLC ^ ^ ACK 
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Table 18 



Values for test purposes TP308006 


VA 


^REL (Cause Value) 
CV ISUP 


<r-3XX SIP message 
SI P_Response_VA 


VA 01 


127 Interworking 


300 IVIultiple Choices 


VA 02 


127 Interworking 


301 Moved Permanently 


VA 03 


127 Interworking 


302 IVIove Temporarily 


VA 04 


127 Interworking 


305 Use Proxy 


VA 05 


127 Interworking 


380 Alternative Service 



6.2.2.9 



Autonomous release at 0-MGCF 



TP309001 



SIP reference: RFC 3261 [6] 



ISUP reference: 
ES 283 027 [1], clause 7.2.3.2.12.1 



TSS reference: 



ISUP-SIP/Basic call/Autonomous release/ 



SIP selection 
criteria: 



PICS 3/2 



ISUP selection 
criteria: 



Test purpose: 



Overlap supported, REL is sent when 404/484 received and Ti/w3 is expired 

Ensure that the BUT a On receipt of a 484 Address Incomplete or 404 Not Found 
response for the current INVITE (i.e. there are no other pending INVITE transactions for 
this call), if the SUT is configured to propagate overlap signalling into the SIP network, the 
SUT: 

• Shall not send a REL message immediately and shall instead start timer T0IW3. The 
REL message shall only be sent if TI/W3 expires. 

• The REL message containes the Cause Value 28. 



SIP Parameter 
values: 



ISUP Parameter 
values: 



Comments: 



ISUP/BICC 

lAM 



SUT 



CASE A 



SIP 

^ INVITE 



^ 484 Address Incomplete 
^ ACK 



Start timer T|^3 
Timeout T^^^ 



REL #28 
RLC 



CASEB 



«■ 404 Not Found 
ACK 



Start timer T^/^^ 
Timeout T|/y^3 



REL #28 
RLC 



ETSI 



189 



ETSI TS 186 009-2 V2.1.1 (2009-03) 



TP309002 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.2.12.1 


TSS reference: 


ISUP-SIP/Basic call/Autonomous release/ 


SIP selection 
criteria: 


NOT PICS 3/2 


ISUP selection 
criteria: 




Test purpose: 


Overlap not supported, REL is sent wtien 404/484 received 

Ensure that the BUT on receipt of a 484 Address Incomplete response for the current 
INVITE (i.e. there are no other pending INVITE transactions for this call), if the 0-IVlGCF is 
not configured to propagate overlap signalling into the SIP network then the timer shall not 
be started and the: 

• REL shall be sent immediately to the BICC/ISUP network. 


SIP Parameter 

vaIiia^* 

veil IpICO ■ 




ISUP Parameter 
values: 




Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 

REL #28 «■ «■ 484 Address Incomplete 

RLC ACK 



TP309003 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.2.18 


TSS reference: 


ISUP-SIP/Basic call/Autonomous release/ 


SIP selection 
criteria: 


PICS 4/5 AND PICS 4/11 


ISUP selection 
criteria: 


PICS 4/2 


Test purpose: 


Preconditions supported, cail setup released whien COT(failed) received 

Ensure that the SUT a on receipt of a COT "failed" and preconditions used, the SUT: 




• sends a CANCEL to the SIP network. 




SIP Parameter 
values: 




ISUP Parameter 

values: 


lAM: Nature of connection indicators "continuity check required on this circuit" 


Comments: 


ISUP/BICC SUT 
lAM ^ 


SIP 

^ INVITE 




COT(failed) 


^ CANCEL 

«■ 200 OK CANCEL 

487 Request terminated 
^ ACK 
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TP309004 


SIP reference: RFC 3261 [6] 


ISUP reference: 
Es 283 027 [1], clause 7.7.3 


TSS reference: 


ISUP-SIP/Basic call/Autonomous release/ 


SIP selection 
criteria: 


PICS 4/5 AND PICS 4/11 


ISUP selection 
criteria: 


PICS 4/2 


Test purpose: 


Preconditions supported, call setup released when T8 expired 

Ensure that the SUT when the ISUP/BICC timer T8 is expired and preconditions used, the 
SUT: 

• sends a CANCEL or BYE to the SIP network. 


SIP Parameter 
values: 




ISUP Parameter 
values: 


lAM: Nature of connection indicators "continuity check required on this circuit" 


Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 

T8 expirees 

^ CANCEL 

«■ 200 OK CANCEL 

<■ 487 Request terminated 

^ ACK 



TP309005 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.2.16 


TSS reference: 


ISUP-SIP/Basic call/Autonomous release/ 


SIP selection 
criteria: 


PICS 4/7 AND PICS 4/15 


ISUP selection 
criteria: 


PIGS 4/2 


Test purpose: 


Preconditions supported, 580 mapped in REL #47 

Ensure that the SUT when the resource reservation is unsuccessful and preconditions 
used, the SUT responds to an INVITE: 

• send a REL with cause value # 47 


SIP Parameter 
values: 




ISUP Parameter 
values: 


lAM: Nature of connection indicators "continuity check required on this circuit" 


Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 

REL «■ «■ 580 Precondition Failure 

RLC ^ ^ ACK 
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TP309006 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.2.17.2 


TSS reference: 


ISUP-SIP/Basic call/Autonomous release/ 


SIP selection 
criteria: 


PICS 4/7 AND PICS 4/1 5 


ISUP selection 
criteria: 


PICS 4/2 


Test purpose: 


Preconditions supported, 580 mapped in REL #47 

Ensure that the SUT when the resource reservation is unsuccessful and preconditions 
used, the SUT responds to an UPDATE: 

• send a REL with cause value # 47 


SIP Parameter 
values: 




ISUP Parameter 
values: 


lAM: Nature of connection indicators "continuity check required on this circuit" 


Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 

183 Session Progress 
^ PRACK 
«■ 200 OK PRACK 

REL «■ ^ 580 Precondition Failure 

RLC ^ ^ ACK 



6.2.2.10 Receipt of Reset circuit message (RSC), Circuit group reset message (GRS) 
or Circuit group blocking message (CGB) witli tlie indication liardware failure 
oriented 



6.2.2.1 0.1 Receipt of Reset Circuit message (RSC) 



TP310001 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.2.15 


TSS reference: 


ISUP-SIP/Basic call/ Receipt of Reset circuit message (RSC) 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


RSC received while an INViTE was not sent 

Ensure that the SUT after receiving the lAM but before an INVITE has been sent on 
receipt of a RSC message: 

• no action is required on the SIP side other than to terminate local procedures If any 
are in progress. 


SIP Parameter 
values: 




ISUP Parameter 
values: 




Comments: 


ISUP/BICC SUT SIP 
lAM ^ 

RSC 

RLC «■ 
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TP310002 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.2.15 


TSS reference: 


ISUP-SIP/Basic call/ Receipt of Reset circuit message (RSC) 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


RSC received while no response for an INVITE is received 
Ensure that the SUT after receiving the lAM with the complete called party number, 
sending a INVITE message on receipt RSC message before a SIP MESSAGE_VA 
response message has been received: 

• The SUT shall hold the RSC message until a SIP response has been received. 

• The SUT shall send a CANCEL request. 

• A Reason header field containing the (ITU-T Recommendation Q.850 [5]) Cause 
Value # 31 is added to the SIP message to be sent by the SIP side of the 0-MGCF. 


SIP Parameter 
values: 




ISUP Parameter 
values: 




Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 
RSC 

RLC «■ «■ SIP MESSAGE VA 

^ CANCEL 
«■ 200 OK CANCEL 

487 Request terminated 
^ ACK 



Table 19 



Values for test purpose TP310002 


VA 


SIP MESSAGE VA 


VA 1 


100 Trying 


VA 2 


180 Ringing 


VA 3 


181 Call Is Being Forwarded 


VA 4 


182 Queued 


VA 5 


1 83 Session Progress 
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TP310003 

I r w 1 Www 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.2.15 


TSS reference: 


ISUP-SIP/Basic call/ Receipt of Reset circuit message (RSC) 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


RSC received. While CANCEL is sent, a 200 OK INVITE is received 
Ensure that the SUT after receiving the lAM with the complete called party number, 
sending a INVITE message on receipt RSC message before a 200 OK response message 
has been received: 

• On subsequently receiving 200 OK INVITE messages, the SUT shall send an 
ACK for the 200 OK INVITE and subsequently send a BYE request after the ACK 
has been sent. 

• A Reason header field containing the (ITU-T Recommendation Q.850 [5]) Cause 
Value # 31 is added to the SIP message to be sent by the SIP side of the 
0-MGCF. 


SIP Parameter 
values: 




ISUP Parameter 
values: 




Comments: 


IQIIP/RIPP Ql IT QIP 

lAM ^ ^ INVITE 

100 Trying 

RSC CANCEL 
RLC «■ «■ 200 OK INVITE 

^ ACK 

«■ 200 OK CANCEL 
BYE 

«■ 200 OK BYE 



TP310004 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.2.15 


TSS reference: 


ISUP-SIP/Basic call/ Receipt of Reset circuit message (RSC) 


SIP selection 






criteria: 






ISUP selection 






criteria: 






Test purpose: 


RSC received after the ACK for a 200 OK INVITE was sent. A BYE is sent 
Ensure that the SUT after receiving the lAM with the complete called party number, 
sending a INVITE message with the complete called party number, sending a BYE 
message on receipt RSC message after a 200 OK response message has been received: 




• The SUT shall send a BYE request. 






• A Reason header field containing the (ITU-T Recommendation Q.850 [5]) Cause 
Value # 31 is added to the SIP message to be sent by the SIP side of the O-MGCF. 


SIP Parameter 
values: 




ISUP Parameter 






values: 






Comments: 


ISUP/BICC SUT 


SIP 




lAM ^ 


INVITE 




ACM «■ 


«■ 180 Ringing 




ANM «■ 


«■ 200 OK INVITE 
^ ACK 




RSC 


^ BYE 




RLC «■ 


«■ 200 OK BYE 
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TP310005 

I r w 1 Www 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.2.15 


TSS reference: 


ISUP-SIP/Basic call/ Receipt of Reset circuit message (RSC) 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


RSC in early dialogue received. A CANCEL is sent 

Ensure that the SUT after receiving the lAM with the complete called party number, 
sending a INVITE message on receipt RSC message after an early dialogue with the SIP 
message defined with the SIP_MESSAGE_VA has been established: 

• The SUT shall send a CANCEL or BYE request. 

• A Reason header field containing the (ITU-T Recommendation Q.850 [5]) Cause 
Value # 31 is added to the SIP message to be sent by the SIP side of the 0-MGCF. 


SIP Parameter 
values: 




ISUP Parameter 
values: 




Comments: 


IQIID/RIPP IT QID 

lAM ^ ^ INVITE 

«■ SIP MESSAGE VA 

RSC ^ 
RLC «■ 

^ CANCEL 

«■ 200 OK CANCEL 

487 Request terminated 

ACK 



Table 20 



Values for test purpose; TP310005 


VA 


SIP MESSAGE VA 


VA 1 


180 Ringing 


VA 2 


1 81 Call Is Being Forwarded 


VA 3 


1 82 Queued 


VA 4 


1 83 Session Progress 



6.2.2.1 0.2 Receipt of Circuit group reset message (GRS) 



TP311001 


SIP reference: RFC 3261 [6] ISUP reference: 

ES 283 027 [1], clause 7.2.3.2.15 


TSS reference: 


ISUP-SIP/Basic call/ Receipt of Circuit group reset message (GRS) 


SIP selection criteria: 




ISUP selection criteria: 




Test purpose: 


GRS received while an INVITE was not sent 

Ensure that the SUT after receiving the lAI^ but before an INVITE has been sent on 
receipt of GRS message: 

• no action is required on the SIP side other than to terminate local 
procedures if any are in progress. 


SIP Parameter values: 




ISUP Parameter 
values: 




Comments: 


ISUP/BICC SUT SIP 
lAM ^ 

GRS ^ 
GRA «■ 
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TP311002 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.2.15 


TSS reference: 


ISUP-SIP/Basic call/ Receipt of Circuit group reset message (GRS) 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


GRS received while no response for an INVITE is received 
Ensure that the SUT after receiving the lAM with the complete called party number, 
sending a INVITE message on receipt GRS message before SIP MESSAGE_VA 
response message has been received: 

• The SUT shall hold the GRS message until a SIP response has been received. 

• The SUT shall send a CANCEL request. 

• A Reason header field containing the (ITU-T Recommendation Q.850 [5]) Cause 
Value # 31 is added to the SIP message to be sent by the SIP side of the 0- 
MGCF. 


SIP Parameter 
values: 




ISUP Parameter 

values: 




Comments: 


ISUP/BICC SUT SIP 
lAM ^ ^ INVITE 
GRS ^ 

GRA «■ «■ SIP MESSAGE_VA 

^ CANCEL 
«■ 200 OK CANCEL 

487 Request terminated 
^ ACK 



Table 21 



Values for test purpose TP31 1002 


VA 


SIP iyiESSAGE_VA 


VA 1 


100 Trying 


VA 2 


180 Ringing 


VA 3 


181 Call Is Being Forwarded 


VA 4 


182 Queued 


VA 5 


1 83 Session Progress 
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TP311003 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.2.15 


TSS reference: 


ISUP-SIP/Basic call/ Receipt of Circuit group reset message (GRS) 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


GRS received. While CANCEL is sent, a 200 OK INVITE is received 
Ensure that the SUT after receiving the lAM with the complete called party number, 
sending a INVITE message on receipt GRS message before a 200 OK response message 
has been received: 

• The SUT shall hold the GRS message until a response has been received. A 
CANCEL is sent. 

• On subsequently receiving 200 OK INVITE messages, the SUT shall send an ACK for 
the 200 OK INVITE and subsequently send a BYE request after the ACK has been 
sent. 


SIP Parameter 
values: 




ISUP Parameter 
values: 




Comments: 


ICIIP/RIPP Ql IT QID 

lAM ^ ^ INVITE 

<■ 100 Trying 

GRS CANCEL 
GRA «■ «■ 200 OK INVITE 

^ ACK 

«■ 200 OK CANCEL 

^ BYE 

«■ 200 OK BYE 



TP311004 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.2.15 


TSS reference: 


ISUP-SIP/Basic call/ Receipt of Circuit group reset message (GRS) 


SIP selection 






criteria: 






ISUP selection 






criteria: 






Test purpose: 


GRS received after the ACK for a 200 OK INVITE was sent. A BYE is sent 
Ensure that the SUT after receiving the lAIVl with the complete called party number, 
sending a INVITE message with the complete called party number, sending a BYE 
message on receipt GRS message after a 200 OK response message has been received: 




• The SUT shall send a BYE request. 






• A Reason header field containing the (ITU-T Recommendation Q.850 [5]) Cause 




Value # 31 Is Isadded to the SIP message to be sent by the SIP side of the 
0-MGCF. 


SIP Parameter 
values: 




ISUP Parameter 






values: 






Comments: 


ISUP/BICC SUT 


SIP 




lAM ^ 


INVITE 




ACM «■ 


«■ 180 Ringing 




ANM «■ 


«■ 200 OK INVITE 
^ ACK 




GRS 


^ BYE 




GRA «■ 


«■ 200 OK BYE 
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TP311005 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.2.15 


TSS reference: 


ISUP-SIP/Basic call/ Receipt of Circuit group reset message (GRS) 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


GRS in early dialogue received. A CANCEL is sent 

Ensure that the SUT after receiving the lAM with the complete called party number, 
sending a INVITE message on receipt GRS message after an early dialogue with the SIP 
message defined with the SIP_MESSAGE_VA has been established: 

• The SUT shall send a CANCEL request. 

• A Reason header field containing the (ITU-T Recommendation Q.850 [5]) Cause 
Value # 31 is added to the SIP message to be sent by the SIP side of the 0-MGGF. 


SIP Parameter 
values: 




ISUP Parameter 
values: 




Comments: 


IQIID/RIPP IT QID 

lAM ^ ^ INVITE 

«■ SIP MESSAGE VA 

GRS ^ 
GRA «■ 

^ CANCEL 

«■ 200 OK CANCEL 

487 Request terminated 

ACK 



Table 22 



Values for test purpose TP309009; TP311005 


VA 


SIP lUIESSAGE VA 


VA 1 


180 Ringing 


VA 2 


1 81 Call Is Being Forwarded 


VA 3 


1 82 Queued 


VA 4 


1 83 Session Progress 
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TP311006 


SIP reference- RFC 3261 r61 ISUP reference- 

1^ 1 1 1 WW ■ 111 w^ w 1 1 1 w 1 w 1 w 1 1 WW ■ 

ES 283 027 [1], clause 7.2.3.2.15 


TSS reference: 


ISUP-SIP/Basic call/ Receipt of Circuit group reset message (GRS) 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


GRS for more than one CIC received. Send a BYE for each circuit 
Ensure that the SUT after receiving more than one lAM s sending an INVITE message for 
each call association on receipt of a GRS message were the Range Parameter value is 
bigger than "1 ": 

• the SUT shall send a BYE requests for each call association. 


SIP Parameter 
values: 




ISUP Parameter 
values: 




Comments: 


ISUP/BICC SUT SIP 

IAM(1) ^ ^ INVITE(1) 
ACM «■ «■ 180 Ringing 
ANM «■ «■ 200 OK INVITE 

^ ACK 

IAM(2) ^ ^ INVITE(2) 
ACM «■ «■ 180 Ringing 
ANM <■ 200 OK INVITE 

^ IVI ^ ^ L—\J\J \ 1 1 >l V 1 1 L_ 

^ ACK 

GRS(1) ^ ^ BYE(1) 
GRA «■ «■ 200 OK BYE 

^ BYE(2) 
«■ 200 OK BYE 


NOTE: BYE(1) and BYTE(2) possible received in reverse order. 



6.2.2.1 0.3 Receipt of Circuit group blocking message (CGB) 



TP312001 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.2.15 


TSS reference: 


ISUP-SIP/Basic call/ Receipt of Circuit group blocking message (CGB) with the indication 
hardware failure oriented 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


CGB received while an INVITE was not sent 

Ensure that the SUT after receiving the lAM but before an INVITE has been sent on 
receipt of CGB message Circuit Group Supervision Message Type Indicator coded as 
"hardware failure oriented": 

• no action Is required on the SIP side other than to terminate local procedures If any 
are in progress. 


SIP Parameter 
values: 




ISUP Parameter 
values: 


CGB/CGBA: Circuit Group Supervision Message Type Indicator coded as "hardware 
failure oriented" 


Comments: 


ISUP/BICC SUT SIP 
lAM ^ 

CBG ^ 
CGBA «■ 
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TP312002 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.2.15 


TSS reference: 


ISUP-SIP/Basic call/ Receipt of Circuit group blocking message (CGB) with the indication 
hardware failure oriented 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


CGB received while no response for an INVITE is received 
Ensure that the SUT after receiving the lAM with the complete called party number, 
sending a INVITE message on receipt CGB message Circuit Group Supervision Message 
Type Indicator coded as "hardware failure oriented" before a SIP l\/IESSAGE_VA 
response message has been received: 

• The SUT shall hold the CGB message until a SIP 200 OK response has been 

received. 

• The SUT shall send a CANCEL request. 

• A Reason header field containing the (ITU-T Recommendation Q.850 [5]) Cause 
Value # 31 is added to the SIP message to be sent by the SIP side of the 0-MGCF. 


SIP Parameter 
values: 




ISUP Parameter 

values: 


CGB/CGBA: Circuit Group Supervision Message Type Indicator coded as "hardware 
failure oriented" 


Comments: 


ISUP/BICC SUT SIP 
lAM ^ ^ INVITE 
CGB ^ 

CGBA «■ «■ SIP MESSAGE VA 

^ CANCEL 
«■ 200 OK CANCEL 
<■ 487 Request terminated 
ACK 



Table 23 



Values for test purpose TP312002 


VA 


SIP MESSAGE_VA 


VA 1 


100 Trying 


VA 2 


180 Ringing 


VA 3 


181 Call Is Being Forwarded 


VA 4 


182 Queued 


VA 5 


1 83 Session Progress 
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TP312003 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.2.15 


TSS reference: 


ISUP-SIP/Basic call/ Receipt of Circuit group blocking message (CGB) with the indication 
hardware failure oriented 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


CGB received. While CANCEL is sent, a 200 OK INVITE is received 
Ensure that the SUT after receiving the lAM with the complete called party number, 
sending a INVITE message on receipt CGB message Circuit Group Supervision Message 
Type Indicator coded as "hardware failure oriented" before a 200 OK response message 
has been received: 

• On subsequently receiving 200 OK INVITE messages, the SUT shall send an ACK for 
the 200 OK INVITE and subsequently send a BYE request after the ACK has been 
sent 

• A Reason header field containing the (ITU-T Recommendation Q.850 [5]) Cause 
Value # 31 is added to the SIP message to be sent by the SIP side of the 0-MGCF. 


SIP Parameter 
values: 




ISUP Parameter 

values: 


CGB/CGBA: Circuit Group Supervision Message Type Indicator coded as "hardware 
failure oriented" 


Comments: 


IQIIP/RIPP Ql IT QID 

lAM ^ ^ INVITE 

«■ 100 Trying 

CGB ^ ^ CANCEL 
CGBA «■ «■ 200 OK INVITE 

^ ACK 

«■ 200 OK CANCEL 

^ BYE 

«■ 200 OK BYE 



TP312004 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.2.15 


TSS reference: 


ISUP-SIP/Basic call/ Receipt of Circuit group blocking message (CGB) with the indication 
hardware failure oriented 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


CGB received after the ACK for a 200 OK INVITE was sent. A BYE is sent 
Ensure that the SUT after receiving the lAM with the complete called party number, 
sending a INVITE message with the complete called party number, sending a BYE 
message on receipt CGB message Circuit Group Supervision Message Type Indicator 
coded as "hardware failure oriented" after a 200 OK response message has been 
received: 

• The SUT shall send a BYE request. 

• A Reason header field containing the (ITU-T Rec Q.850 [5]) Cause Value # 31 is 
added to the SIP message to be sent by the SIP side of the O-MGCF. 


SIP Parameter 
values: 




ISUP Parameter 

values: 


CGB/CGBA: Circuit Group Supervision Message Type Indicator coded as "hardware 

failure oriented" 


Comments: 


ISUP/BICC SUT 
lAM ^ 
ACM «■ 
ANM «■ 


SIP 

^ INVITE 
*■ 180 Ringing 
«■ 200 OK INVITE 
^ ACK 




CGB ^ 
CGBA «■ 


^ BYE 

«■ 200 OK BYE 
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TP312005 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.2.15 


TSS reference: 


ISUP-SIP/Basic call/ Receipt of Circuit group blocking message (CGB) with the indication 
hardware failure oriented 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


CGB in early dialogue received. A CANCEL is sent 

Ensure that the SUT after receiving the lAM with the complete called party number, 
sending a INVITE message on receipt CGB message Circuit Group Supervision Message 
Type Indicator coded as "hardware failure oriented" after an early dialogue with the SIP 
message defined with the SIP_MESSAGE_VA has been established: 

• The SUT shall send a CANCEL request. 

• A Reason header field containing the (ITU-T Recommendation Q.850 [5]) Cause 
Value # 31 is added to the SIP message to be sent by the SIP side of the 0-MGCF. 


SIP Parameter 
values: 




ISUP Parameter 
values: 


CGB/CGBA: Circuit Group Supervision Message Type Indicator coded as "hardware 
failure oriented" 


Comments: 


ICIIP/RIPP Ql IT QID 

lAM ^ ^ INVITE 

«■ SIP MESSAGE VA 

CGB 

CGBA «■ 

^ CANCEL 
«■ 200 OK CANCEL 
<■ 487 Request terminated 
ACK 



Table 24 



Values for test purpose ; TP312005 


VA 


SIP lUIESSAGE VA 


VA 1 


180 Ringing 


VA 2 


181 Call Is Being Forwarded 


VA 3 


182 Queued 


VA 4 


183 Session Progress 
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TP312006 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.2.15 


TSS reference: 


ISUP-SIP/Basic call/ Receipt of Circuit group 1 
hardware failure oriented 


Diocking message (CGB) with the indication 


SIP selection 

criteria: 




ISUP selection 
criteria: 




Test purpose: 


CGB for more than one CIC received. Send a BYE for eacfi circuit 
Ensure that the SUT after receiving more than one lAM's sending an INVITE message for 
each call association on receipt of a CGB message Circuit Group Supervision IVIessage 
Type Indicator coded as "hardware failure oriented" where the Range and Status 
Parameter value Is bigger than "1": 

• the SUT shall send a BYE requests for each call association. 


SIP Parameter 
values: 




ISUP Parameter 
values: 


CGB/CGBA: Circuit Group Supervision Message Type Indicator coded as "hardware 
failure oriented" 


omments: 


ISUP/BICC SUT SIP 

IAM(1) ^ ^ INVITE(1) 
ACM «■ «■ 180 Ringing 
ANM «■ «■ 200 OK INVITE 

IAM(2) ^ ^ INVITE(2) 
ACM «■ <■ 180 Ringing 
ANM «■ «■ 200 OK INVITE 

^ ACK 

CGB(1) ^ ^ BYE(1) 
CGBA «■ «■ 200 OK BYE 

^ BYE(2) 
«■ 200 OK BYE 


NOTE: BYE(1) and BYTE(2) possible received in reverse order. 
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6.3.1 Interworking from SIP to ISUP (Incoming Call) 



6.3.1 .1 Calling Line Identification (CLI) 



TP501001 


SIP reference: RFC 3261 [6] ISUP reference: 

ES 283 027 [1], clause 7.2.3.1.2.6 


TSS reference: 


SIP-ISUP/SS/CLI/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


P-Asserted-ldentity not in E. 164 format and From header not in the E. 164 Format, no 
Privacy header. Send Calling party number 

Ensure that the SUT in the Idle state, on receipt of a INVITE message where: 

• the SIP P-Asserted-ldentity containing a URI with an identity in the format "+" CC+ 
NDC+ SN has not been received; 

• the SIP From header field containing a URI with an identity in the format "+" CC+ 
NDC+ SN has not been received; 

• a Privacy header field has not been received. 

sends an lAM message with the Calling party number parameter coded: 

Address signals = absent 

Screening indicator = network provided 

Number Incomplete Indicator = incomplete 

Numbering plan indicator = 000 

Address Presentation Restricted Indicator = PIXIT 

Nature of address indicator = 0000000 


SIP Parameter 
values: 




ISUP Parameter 
values: 




Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 
180 Ringing «■ «■ ACM 

Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK 

Conversation 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 



Table 25: Values for test purposes TP501001 



VA 


The next BICC/ISUP node 
Is located 


NoA_VALUE 


Number parameter 
address format 


VA 01 


in the same country 


'National (Significant) number" 


NDC+SN 


VA 01 


a different country 


"international number" 


CC+NDC+SN 
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TroOl OUZ 


oir reterence: Kro ozoi [oj loUr reterence: 

ES 283 027 [1], clause 7.2.3.1.2.6 


TSS reference: 


SIP-ISUP/SS/CLI/ 


SIP selection 
criteria: 




iSUP selection 
criteria: 




Test purpose: 


P-Asserted- Identity not in E. 164 format and From header not in the E. 164 Format, Privacy 
value none. Send Calling party number 

Ensure that the BUT in the Idle state, on receipt of a INVITE message where: 

• the SIP P-Asserted- Identity containing a URI with an identity in the format "+" 
CC+ NDC+ SN has not been received; 

• the SIP From header field containing a URI with an identity in the format "+" CC+ 
NDC+ SN has not been received; 

• a Privacy header field was received and the priv-value component is set to 
"none". 

sends an lAM message with the Calling party number parameter coded: 

Address signals = absent 

Screening indicator = network provided 

Number Incomplete Indicator = incomplete 

Numbering plan indicator = 000 

Address Presentation Restricted Indicator = PIXIT 

Nature of address indicator = 0000000 


SIP Parameter 
values: 




ISUP Parameter 
values: 




Comments: 


SIP SUT ISUP 

INVITE ^ ^ lAIVl 
180 Ringing ^ ACM 

Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE REL 
200 OK BYE «■ «■ RLC 
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TroOl 003 


oir reterence: Kro ozoi [oj loUr reterence: 

ES 283 027 [1], clause 7.2.3.1.2.6 


TSS reference: 


SIP-ISUP/SS/CLI/ 


SIP selection 
criteria: 




iSUP selection 
criteria: 




Test purpose: 


P-Asserted-ldentity not in E. 164 format and From header not in the E. 164 Format, Privacy 
value header. Send Calling party number 

Ensure that the BUT in the Idle state, on receipt of a INVITE message where: 

• the SIP P-Asserted- Identity containing a URI with an identity in the format "+" 
CC+ NDC+ SN has not been received; 

• the SIP From header field containing a URI with an identity in the format "+" CC+ 
NDC+ SN has not been received; 

• a Privacy header field was received and the priv-value component is set to 
"header". 

sends an lAM message with the Calling party number parameter coded: 

Address signals = absent 

Screening indicator = network provided 

Number Incomplete Indicator = incomplete 

Numbering plan indicator = 000 

Address Presentation Restricted Indicator = PIXIT 

Nature of address indicator = 0000000 


SIP Parameter 
values: 




ISUP Parameter 
values: 




Comments: 


SIP SUT ISUP 

INVITE ^ ^ lAIVl 
180 Ringing ^ ACM 

Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE REL 
200 OK BYE «■ «■ RLC 



ETSI 



206 



ETSI TS 186 009-2 V2.1.1 (2009-03) 



1 r5U1 UU4 


oir reterence: Kro ozoi [oj loUr reterence: 

ES 283 027 [1], clause 7.2.3.1.2.6 


TSS reference: 


SIP-ISUP/SS/CLI/ 


SIP selection 
criteria: 




iSUP selection 
criteria: 




Test purpose: 


P-Asserted-ldentity not in E. 164 format and From header not in the E. 164 Format, Privacy 
value user. Send Calling party number 

Ensure that the BUT in the Idle state, on receipt of a INVITE message where: 

• the SIP P-Asserted- Identity containing a URI with an identity in the format "+" CC+ 
NDC+ SN has not been received; 

• the SIP From header field containing a URI with an identity in the format "+" CC+ 
NDC+ SN has not been received; 

• a Privacy header field was received and the priv-value component is set to "user". 

sends an lAM message with the Calling party number parameter coded: 

Address signals = absent 

Screening indicator = network provided 

Number Incomplete Indicator = incomplete 

Numbenng plan indicator = 000 

Address Presentation Restricted Indicator = PIXIT 

Nature of address indicator = 0000000 


SIP Parameter 
values: 




ISUP Parameter 
values: 




Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 
180 Ringing ACM 

Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE REL 
200 OK BYE «■ «■ RLC 
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TroOl 005 


oir reterence: Kro ozoi [oj loUr reterence: 

ES 283 027 [1], clause 7.2.3.1.2.6 


TSS reference: 


SIP-ISUP/SS/CLI/ 


SIP selection 
criteria: 




iSUP selection 
criteria: 




Test purpose: 


P-Asserted-ldentity not in E. 164 format and From header not in the E. 164 Format, Privacy 
value id. Send Calling party number 

Ensure that the BUT in the Idle state, on receipt of a INVITE message where: 

• the SIP P-Asserted- Identity containing a URI with an identity in the format "+" CC+ 
NDC+ SN has not been received; 

• the SIP From header field containing a URI with an identity in the format "+" CC+ 
NDC+ SN has not been received; 

• a Privacy header field was received and the priv-value component is set to "id". 

sends an lAM message with the Calling party number parameter coded: 

Address signals = absent 

Screening indicator = network provided 

Number Incomplete Indicator = incomplete 

Numbenng plan indicator = 000 

Address Presentation Restricted Indicator = PIXIT 

Nature of address indicator = 0000000 


SIP Parameter 
values: 




ISUP Parameter 
values: 




Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 
180 Ringing ACM 

Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE REL 
200 OK BYE «■ «■ RLC 
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TroOl OUD 


oir reterence: Kro ozoi [oj loUr reterence: 

ES 283 027 [1], clause 7.2.3.1.2.6 


TSS reference: 


SIP-ISUP/SS/CLI/ 


SIP selection 
criteria: 




iSUP selection 
criteria: 


PICS 6/3 


Test purpose: 


P-Asserted-ldentity not in E. 164 format and From header in the E. 164 Format, no Privacy 
header received. Send Calling party number and Additional calling party number 
Ensure that the SUT in the Idle state, on receipt of a INVITE message where: 

• the SIP P-Asserted- Identity containing a URI with an identity in the format "+" CC+ 
NDC+ SN lias not been received; 

• the SIP From header field containing a URI with an identity in the format "+" CC+ 
NDC+ SN has been received; 

• a Privacy header field has not been received. 

sends an lAIUI message with the Calling party number parameter coded: 

Address signals = absent 

Screening indicator = network provided 

Number Incomplete Indicator = incomplete 

Numbering plan indicator = 000 

Address Presentation Restricted Indicator = PIXIT 

Nature of address indicator = 0000000 

with the Generic number parameter coded: 

Address signals = derrived from the From header 
Screening indicator = user provided, not verified 
Number Incomplete Indicator = complete 

K 1 1 ' 1 ' 1' J. n~\ K 1 1 ' 1 

Numbenng plan indicator = ISDN numbering plan 

Address Presentation Restricted Indicator = Presentation allowed 

NoAS: NoA VALUE 


SIP Parameter 
values: 




ISUP Parameter 
values: 




Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 
180 Ringing ^ ^ ACM 

Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 



Table 26: Values for test purposes TP501006 



VA 


The next BiCC/iSUP node 
is located 


NoA_VALUE 


Number parameter 
address format 


VA 01 


in the same country 


'National (Significant) number" 


NDC+SN 


VA 01 


a different country 


"international number" 


CC+NDC+SN 
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TDCAH Art? 

TroOl 007 


oir reterence: Kro ozoi [oj loUr reterence: 

ES 283 027 [1], clause 7.2.3.1.2.6 


TSS reference: 


SIP-ISUP/SS/CLI/ 


SIP selection 
criteria: 




iSUP selection 
criteria: 


PICS 6/3 


Test purpose: 


P-Asserted-ldentity not in E. 164 format and From header in tlie E. 164 Format, Privacy 
value none received. Send Calling party number and Additional calling party number 
Ensure that the SUT in the Idle state, on receipt of a INVITE message where: 

• the SIP P-Asserted- Identity containing a URI with an identity in the format "+" 
CC+ NDC+ SN has not been received; 

• the SIP From header field containing a URI with an identity in the format "+" CC+ 
NDC+ SN has been received; 

• a Privacy header field was received and the priv-value component is set to 
"none". 

sends an lAIVI message with the Calling party number parameter coded: 

Address signals = absent 

Screening indicator = network provided 

Number Incomplete Indicator = incomplete 

Numbering plan indicator = 000 

Address Presentation Restricted Indicator = PIXIT 

Nature of address indicator = 0000000 

with the Generic number parameter coded: 

Address signals = number provided by the user 

Screening indicator = user provided, not verified 

Number Incomplete Indicator = complete 

Numbering plan indicator = ISDN numbering plan 

Address Presentation Restricted Indicator = Presentation allowed 

NoAS: NoA VALUE 


SIP Parameter 

values: 




ISUP Parameter 
values: 




Comments: 


SIP SUT ISUP 

INVITE ^ ^ lAIVl 
180 Ringing ^ ^ ACIVI 

Ringing tone 

200 OK INVITE «■ «■ ANIVl 
ACK ^ 

Conversation 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 



Table 27: Values for test purposes TP501007 



VA 


The next BICC/ISUP node 
is located 


NoA_VALUE 


Number parameter 
address format 


VA 01 


in the same country 


'National (Significant) number" 


NDG+SN 


VA 01 


a different country 


"International number" 


CC+NDC+SN 
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TroOl OUo 


oir reterence: Kro ozoi [oj loUr reterence: 

ES 283 027 [1], clause 7.2.3.1.2.6 


TSS reference: 


SIP-ISUP/SS/CLI/ 


SIP selection 
criteria: 




iSUP selection 
criteria: 


PICS 6/3 


Test purpose: 


P-Asserted-ldentity not in E. 164 format and From header in tiie E. 164 Format, Privacy 
value header received. Send Calling party number and Additional calling party number 
Ensure that the SUT in the Idle state, on receipt of a INVITE message where: 

• the SIP P-Asserted- Identity containing a URI with an identity in the format "+" 
CC+ NDC+ SN has not been received; 

• the SIP From header field containing a URI with an identity in the format "+" CC+ 
NDC+ SN has been received; 

• a Privacy header field was received and the priv-value component is set to 
"header". 

sends an lAIVI message with the Calling party number parameter coded: 

Address signals = absent 

Screening indicator = network provided 

Number Incomplete Indicator = incomplete 

Numbering plan indicator = 000 

Address Presentation Restricted Indicator = PIXIT 

Nature of address indicator = 0000000 

with the Generic number parameter coded: 

Address signals = number provided by the user 

Screening indicator = user provided, not verified 

Number Incomplete Indicator = complete 

Numbering plan indicator = ISDN numbering plan 

Address Presentation Restricted Indicator = Presentation restricted 

NoAS: NoA VALUE 


SIP Parameter 

values: 




ISUP Parameter 
values: 




Comments: 


SIP SUT ISUP 

INVITE ^ ^ lAIVl 
180 Ringing ^ ^ ACIVI 

Ringing tone 

200 OK INVITE «■ «■ ANIVl 
ACK ^ 

Conversation 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 



Table 28: Values for test purposes TP501008 



VA 


The next BICC/ISUP node 
is located 


NoA_VALUE 


Number parameter 
address format 


VA 01 


in the same country 


'National (Significant) number" 


NDG+SN 


VA 01 


a different country 


"International number" 


CC+NDC+SN 
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TroOl 009 


oir reterence: Kro ozoi [oj loUr reterence: 

ES 283 027 [1], clause 7.2.3.1.2.6 


TSS reference: 


SIP-ISUP/SS/CLI/ 


SIP selection 
criteria: 




iSUP selection 
criteria: 


PICS 6/3 


Test purpose: 


P-Asserted-ldentity not in E. 164 format and From header in tlie E. 164 Format, Privacy 
value user received. Send Calling party number and Additional calling party number 
Ensure that the SUT in the Idle state, on receipt of a INVITE message where: 

• the SIP P-Asserted- Identity containing a URI with an identity in the format "+" CC+ 
NDC+ SN lias not been received; 

• the SIP From header field containing a URI with an identity in the format "+" CC+ 
NDC+ SN has been received; 

• a Privacy header field was received and the priv-value component is set to 
"user". 

sends an lAIVI message with the Calling party number parameter coded: 
Address signals = absent 
Screening indicator = network provided 
Number Incomplete Indicator = incomplete 
Numbering plan indicator = 000 
Address Presentation Restricted Indicator = PIXIT 
Nature of address indicator = 0000000 

with the Generic number parameter coded: 

Address signals = number provided by the user 

Screening indicator = user provided, not verified 

Number Incomplete Indicator = complete 

Numbenng plan indicator = ISDN numbering plan 

Address Presentation Restricted Indicator = Presentation restricted 

NoAS: NoA VALUE 


SIP Parameter 
values: 




ISUP Parameter 
values: 




Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 
180 Ringing ^ ^ ACM 

Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 



Table 29: Values for test purposes TP501009 



VA 


The next BICC/ISUP node 
is located 


NoA_VALUE 


Number parameter 
address format 


VA 01 


in the same country 


'National (Significant) number" 


NDC+SN 


VA 01 


a different country 


"international number" 


CC+NDC+SN 
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TroOl 01 U 


oir reterence: Kro ozoi [oj loUr reterence: 

ES 283 027 [1], clause 7.2.3.1.2.6 


TSS reference: 


SIP-ISUP/SS/CLI/ 


SIP selection 
criteria: 




iSUP selection 
criteria: 


PICS 6/3 


Test purpose: 


P-Asserted-ldentity not in E. 164 format and From header in the E. 164 Format, Privacy 
value id received. Send Calling party number and Additional calling party number 
Ensure that the SUT in the Idle state, on receipt of a INVITE message where: 

• the SIP P-Asserted- Identity containing a URI with an identity in the format "+" CC+ 
NDC+ SN has not been received; 

• the SIP From header field containing a URI with an identity in the format "+" CC+ 
NDC+ SN has been received; 

• a Privacy header field was received and the priv-value component is set to 
"id". 

sends an lAM message with the Calling party number parameter coded: 
Address signals = absent 
Screening indicator = network provided 
Number Incomplete Indicator = incomplete 
Numbering plan indicator = 000 
Address Presentation Restricted Indicator = PIXIT 
Nature of address indicator = 0000000 

with the Generic number parameter coded: 
Address signals = number provided by the user 
Screening indicator = user provided, not verified 
Number Incomplete Indicator = complete 
Numbenng plan indicator = ISDN numbering plan 
Address Presentation Restricted Indicator = Presentation restricted 
NoAS: NoA VALUE 


SIP Parameter 
values: 




ISUP Parameter 

values: 




Comments: 


SIP SUT ISUP 

INVITE ^ ^ lAM 
180 Ringing ACM 

Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE REL 
200 OK BYE «■ «■ RLC 



Table 30: Values for test purposes TP501010 



VA 


The next BICC/ISUP node 
Is located 


NoA_VALUE 


Number parameter 
address format 


VA 01 


in the same country 


'National (Significant) number" 


NDC+SN 


VA 01 


a different country 


"International number" 


CC+NDC+SN 
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1 r5U1 U1 1 


oir reterence: Kro ozoi [oj loUr reterence: 

ES 283 027 [1], clause 7.2.3.1.2.6 


TSS reference: 


SIP-ISUP/SS/CLI/ 


SIP selection 
criteria: 




iSUP selection 
criteria: 




Test purpose: 


P-Asserted-ldentity in E. 164 format and From header not in the E. 164 Format, no Privacy 
header received. Send Calling party number 

Ensure that the BUT in the Idle state, on receipt of a INVITE message where: 

• the SIP P-Asserted- Identity containing a URI with an identity in the format "+" CC+ 
NDC+ SN has been received; 

• the SIP From header field containing a URI with an identity in the format "+" CC+ 
NDC+ SN has not been received; 

• a Privacy header field has not been received. 

sends an lAM message with the Calling party number parameter coded: 

Address signals = number derived from SIP P-Asserted-ldentity 

Screening indicator = network provided 

Number Incomplete Indicator = complete 

Numbenng plan indicator = ISDN numbering plan 

Address Presentation Restricted Indicator = Presentation allowed 

NoAS: NoA VALUE 


SIP Parameter 
values: 




ISUP Parameter 
values: 




Comments: 


SIP BUT ISUP 
INVITE ^ ^ lAM 
180 Ringing ACM 

Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE REL 
200 OK BYE «■ «■ RLC 



Table 31 : Values for test purposes TP501011 



VA 


The next BICC/ISUP node 
is located 


NoA_VALUE 


Number parameter 
address format 


VA 01 


in the same country 


'National (Significant) number" 


NDC+SN 


VA 01 


a different country 


"international number" 


CC+NDC+SN 
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1 r5U1 U1 e. 


oir reterence: Kro o^oi [oj loUr reterence: 

ES 283 027 [1], clause 7.2.3.1.2.6 


TSS reference: 


SIP-ISUP/SS/CLI/ 


SIP selection 
criteria: 




iSUP selection 
criteria: 




Test purpose: 


P-Asserted-ldentity in E. 164 format and From header not in ttie E. 164 Format, Privacy 
value none received. Send Caliing party number 

Ensure that the BUT in the Idle state, on receipt of a INVITE message where: 

• the SIP P-Asserted- Identity containing a URI with an identity in the format "+" CC+ 
NDC+ SN has been received; 

• the SIP From header field containing a URI with an identity in the format "+" CC+ 
NDC+ SN has not been received; 

• a Privacy header field was received and the priv-value component is set to 
"none". 

sends an lAM message with the Calling party number parameter coded: 

Address signals = number derived from SIP P-Asserted-ldentity 

Screening indicator = network provided 

Number Incomplete Indicator = complete 

Numbering plan indicator = ISDN numbering plan 

Address Presentation Restricted Indicator = Presentation allowed 

NoAS: NoA_VALUE 


SIP Parameter 
values: 




ISUP Parameter 
values: 




Comments: 


SIP BUT ISUP 
INVITE ^ ^ lAM 
180 Ringing ^ ^ ACM 

Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE REL 
200 OK BYE «■ «■ RLC 



Table 32: Values for test purposes TP501012 



VA 


The next BICC/ISUP node 
is located 


NoA_VALUE 


Number parameter 
address format 


VA 01 


in the same country 


'National (Significant) number" 


NDC+SN 


VA 01 


a different country 


"international number" 


CC+NDC+SN 
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TroOl 01 o 


oir reterence: Kro o^oi [oj loUr reterence: 

ES 283 027 [1], clause 7.2.3.1.2.6 


TSS reference: 


SIP-ISUP/SS/CLI/ 


SIP selection 
criteria: 




iSUP selection 
criteria: 




Test purpose: 


P-Asserted-ldentity in E. 164 format and From header not in ttie E. 164 Format, Privacy 
value header received. Send Caliing party number 

Ensure that the BUT in the Idle state, on receipt of a INVITE message where: 

• the SIP P-Asserted- Identity containing a URI with an identity in the format "+" CC+ 
NDC+ SN has been received; 

• the SIP From header field containing a URI with an identity in the format "+" CC+ 
NDC+ SN has not been received; 

• a Privacy header field was received and the priv-value component is set to 
"header". 

sends an lAM message with the Calling party number parameter coded: 
Address signals = number derived from SIP P-Asserted-ldentity 
Screening indicator = network provided 
Number Incomplete Indicator = complete 
Numbering plan indicator = ISDN numbering plan 
Address Presentation Restricted Indicator = Presentation restricted 


SIP Parameter 
values: 




ISUP Parameter 
values: 




Comments: 


SIP BUT ISUP 

INVITE ^ ^ lAM 
180 Ringing ACM 

Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE ■» ■» REL 

200 OK BYE «■ «■ RLC 
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1 r5U1 U1 4 


oir reterence: Kro ozoi [oj loUr reterence: 

ES 283 027 [1], clause 7.2.3.1.2.6 


TSS reference: 


SIP-ISUP/SS/CLI/ 


SIP selection 
criteria: 




iSUP selection 
criteria: 




Test purpose: 


P-Asserted-ldentity in E. 164 format and From header not in ttie E. 164 Format, Privacy 
value user received. Send Caiiing party number 

Ensure that the BUT in the Idle state, on receipt of a INVITE message where: 

• the SIP P-Asserted- Identity containing a URI with an identity in the format "+" CC+ 
NDC+ SN has been received; 

• the SIP From header field containing a URI with an identity in the format "+" CC+ 
NDC+ SN has not been received; 

• a Privacy header field was received and the priv-value component is set to 
"user". 

sends an lAM message with the Calling party number parameter coded: 
Address signals = number derived from SIP P-Asserted-ldentity 
Screening indicator = network provided 
Number Incomplete Indicator = complete 
Numbering plan indicator = ISDN numbering plan 
Address Presentation Restricted Indicator = Presentation restricted 


SIP Parameter 
values: 




ISUP Parameter 
values: 




Comments: 


SIP BUT ISUP 

INVITE ^ ^ lAM 
180 Ringing ACM 

Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE ■» ■» REL 

200 OK BYE «■ «■ RLC 
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TroOl 01 5 


oir reterence: Kro ozoi [oj loUr reterence: 

ES 283 027 [1], clause 7.2.3.1.2.6 


TSS reference: 


SIP-ISUP/SS/CLI/ 


SIP selection 
criteria: 




iSUP selection 
criteria: 




Test purpose: 


P-Asserted-ldentity in E. 164 format and From header not in ttie E. 164 Format, Privacy 
value id received. Send Caliing party number 

Ensure that the BUT in the Idle state, on receipt of a INVITE message where: 

• the SIP P-Asserted- Identity containing a URI with an identity in the format "+" CC+ 
NDC+ SN has been received; 

• the SIP From header field containing a URI with an identity in the format "+" CC+ 
NDC+ SN has not been received; 

• a Privacy header field was received and the priv-value component is set to "id". 

sends an lAM message with the Calling party number parameter coded: 

Address signals = number derived from SIP P-Asserted-ldentity 

Screening indicator = network provided 

Number Incomplete Indicator = complete 

Numbering plan indicator = ISDN numbering plan 

Address Presentation Restricted Indicator = Presentation restricted 


SIP Parameter 
values: 




ISUP Parameter 
values: 




Comments: 


SIP BUT ISUP 

INVITE ^ ^ lAM 
180 Ringing ACM 

Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE ■» ■» REL 

200 OK BYE «■ «■ RLG 
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TroOl 01 6 


oir reterence: Kro ozoi [oj loUr reterence: 

ES 283 027 [1], clause 7.2.3.1.2.6 


TSS reference: 


SIP-ISUP/SS/CLI/ 


SIP selection 
criteria: 




iSUP selection 
criteria: 


PICS 6/3 


Test purpose: 


P-Asserted-ldentity in E. 164 format and From header in tiie E. 164 Format, no Privacy 
header received. Send Calling party number and Additional calling party number 
Ensure that the SUT in the Idle state, on receipt of a INVITE message where: 

• the SIP P-Asserted- Identity containing a URI with an identity in the format "+" CC+ 
NDC+ SN has been received; 

• the SIP From header field containing a URI with an identity in the format "+" CC+ 
NDC+ SN has been received; 

• a Privacy header field has not been received. 

sends an lAM message with the Calling party number parameter coded: 
Address signals = number derived from SIP P-Asserted-ldentity 
Screening indicator = network provided 
Number Incomplete Indicator = complete 
Numbering plan indicator = ISDN numbering plan 
Address Presentation Restricted Indicator = Presentation allowed 
NoAS: NoA_VALUE 

with the Generic number parameter coded: 

Address signals = number derived from the From header 

Screening indicator = user provided, not verified 

Number Incomplete Indicator = complete 

Numbenng plan indicator = ISDN numbenng plan 

Address Presentation Restricted Indicator = Presentation allowed 

NoAS: NoA VALUE 


SIP Parameter 
values: 




ISUP Parameter 
values: 




Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 
180 Ringing ACM 

Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE REL 
200 OK BYE «■ «■ RLC 



Table 33: Values for test purposes TP501016 



VA 


The next BICC/ISUP node 
is located 


NoA_VALUE 


Number parameter 
address format 


VA 01 


in the same country 


'National (Significant) number" 


NDC+SN 


VA 01 


a different country 


"international number" 


CC+NDC+SN 
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1 rOOl Ul 7 


oir reterence: Kro ozoi [oj loUr reterence: 

ES 283 027 [1], clause 7.2.3.1.2.6 


TSS reference: 


SIP-ISUP/SS/CLI/ 


SIP selection 
criteria: 




iSUP selection 
criteria: 


PICS 6/3 


Test purpose: 


P-Asserted-ldentity in E. 164 format and From header in tlie E. 164 Format, Privacy value 
none received. Send Calling party number and Additional calling party number 
Ensure that the SUT in the Idle state, on receipt of a INVITE message where: 

• the SIP P-Asserted- Identity containing a URI with an identity in the format "+" CC+ 
NDC+ SN has been received; 

• the SIP From header field containing a URI with an identity in the format "+" CC+ 
NDC+ SN has been received; 

• a Privacy header field was received and the priv-value component is set to 
"none". 

sends an lAM message with the Calling party number parameter coded: 
Address signals = number derived from SIP P-Asserted-ldentity 
Screening indicator = network provided 
Number Incomplete Indicator = complete 
Numbering plan indicator = ISDN numbering plan 
Address Presentation Restricted Indicator = Presentation allowed 
NoAS: NoA_VALUE 

with the Generic number parameter coded: 

Address signals = number derived from the From header 

Screening indicator = user provided, not verified 

Number Incomplete Indicator = complete 

Numbenng plan indicator = ISDN numbering plan 

Address Presentation Restricted Indicator = Presentation allowed 

NoAS: NoA VALUE 


SIP Parameter 
values: 




ISUP Parameter 

values: 




Comments: 


SIP SUT ISUP 

INVITE ^ ^ lAM 
180 Ringing ACM 

Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE REL 
200 OK BYE «■ «■ RLC 



Table 34: Values for test purposes TP501017 



VA 


The next BICC/ISUP node 
Is located 


NoA_VALUE 


Number parameter 
address format 


VA 01 


in the same country 


'National (Significant) number" 


NDC+SN 


VA 01 


a different country 


"International number" 


CC+NDC+SN 
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TroOl 01 o 


oir reterence: Kro ozoi [oj loUr reterence: 

ES 283 027 [1], clause 7.2.3.1.2.6 


TSS reference: 


SIP-ISUP/SS/CLI/ 


SIP selection 
criteria: 




iSUP selection 
criteria: 


PICS 6/3 


Test purpose: 


P-Asserted-ldentity in E. 164 format and From header in the E. 164 Format, Privacy value 
header received. Send Calling party number and Additional calling party number 
Ensure that the SUT in the Idle state, on receipt of a INVITE message where: 

• the SIP P-Asserted- Identity containing a URI with an identity in the format "+" CC+ 
NDC+ SN has been received; 

• the SIP From header field containing a URI with an identity in the format "+" CC+ 
NDC+ SN has been received; 

• a Privacy header field was received and the priv-value component is set to 
"header". 

sends an lAM message with the Calling party number parameter coded: 
Address signals = number derived from SIP P-Asserted-ldentity 
Screening indicator = network provided 
Number Incomplete Indicator = complete 
Numbering plan indicator = ISDN numbering plan 
Address Presentation Restricted Indicator = Presentation restricted 
NoAS: NoA_VALUE 

with the Generic number parameter coded: 

Address signals = number derived from the From header 

Screening indicator = user provided, not verified 

Number Incomplete Indicator = complete 

Numbenng plan indicator = ISDN numbering plan 

Address Presentation Restricted Indicator = Presentation restricted 

NoAS: NoA VALUE 


SIP Parameter 
values: 




ISUP Parameter 

values: 




Comments: 


SIP SUT ISUP 

INVITE ^ ^ lAM 
180 Ringing ACM 

Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE REL 
200 OK BYE «■ «■ RLC 



Table 35: Values for test purposes TP501018 



VA 


The next BICC/ISUP node 
Is located 


NoA_VALUE 


Number parameter 
address format 


VA 01 


in the same country 


'National (Significant) number" 


NDC+SN 


VA 01 


a different country 


"International number" 


CC+NDC+SN 
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TroOl 01 9 


oir reterence: Kro ozoi [oj loUr reterence: 

ES 283 027 [1], clause 7.2.3.1.2.6 


TSS reference: 


SIP-ISUP/SS/CLI/ 


SIP selection 
criteria: 




iSUP selection 
criteria: 


PICS 6/3 


Test purpose: 


P-Asserted- Identity in E. 164 format and From header in tlie E. 164 Format, Privacy value 
user received. Send Calling party number and Additional calling party number 
Ensure that the SUT in the Idle state, on receipt of a INVITE message where: 

• the SIP P-Asserted- Identity containing a URI with an identity in the format "+" CC+ 
NDC+ SN has been received; 

• the SIP From header field containing a URI with an identity in the format "+" CC+ 
NDC+ SN has been received; 

• a Privacy header field was received and the priv-value component is set to 
"user". 

sends an lAM message with the Calling party number parameter coded: 
Address signals = number derived from SIP P-Asserted-ldentity 
Screening indicator = network provided 
Number Incomplete Indicator = complete 
Numbering plan indicator = ISDN numbering plan 
Address Presentation Restricted Indicator = Presentation restricted 
NoAS: NoA_VALUE 

with the Generic number parameter coded: 

Address signals = number derived from the From header 

Screening indicator = user provided, not verified 

Number Incomplete Indicator = complete 

Numbenng plan indicator = ISDN numbering plan 

Address Presentation Restricted Indicator = Presentation restricted 

NoAS: NoA VALUE 


SIP Parameter 
values: 




ISUP Parameter 

values: 




Comments: 


SIP SUT ISUP 

INVITE ^ ^ lAM 
180 Ringing ACM 

Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE REL 
200 OK BYE «■ «■ RLC 



Table 36: Values for test purposes TP501019 



VA 


The next BICC/ISUP node 
Is located 


NoA_VALUE 


Number parameter 
address format 


VA 01 


in the same country 


'National (Significant) number" 


NDC+SN 


VA 01 


a different country 


"International number" 


CC+NDC+SN 
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TroOl 020 


oir reterence: Kro ozoi [oj loUr reterence: 

ES 283 027 [1], clause 7.2.3.1.2.6 


TSS reference: 


SIP-ISUP/SS/CLI/ 


SIP selection 
criteria: 




iSUP selection 
criteria: 


PICS 6/3 


Test purpose: 


P-Asserted-ldentity in E. 164 format and From header in tlie E. 164 Format, Privacy value id 
received. Send Calling party number and Additional caiiing party number 
Ensure that the SUT in the Idle state, on receipt of a INVITE message where: 

• the SIP P-Asserted- Identity containing a URI with an identity in the format "+" CC+ 
NDC+ SN has been received; 

• the SIP From header field containing a URI with an identity in the format "+" CC+ 
NDC+ SN has been received; 

• a Privacy header field was received and the priv-value component is set to "id". 

sends an lAM message with the Calling party number parameter coded: 
Address signals = number derived from SIP P-Asserted- Identity 
Screening indicator = network provided 
Number Incomplete Indicator = complete 
Numbering plan indicator = ISDN numbering plan 
Address Presentation Restricted Indicator = Presentation restricted 
NoAS: NoA_VALUE 

with the Generic number parameter coded: 

Address signals = number derived from the From header 

Screening indicator = user provided, not verified 

Number Incomplete Indicator = complete 

Numbenng plan indicator = ISDN numbenng plan 

Address Presentation Restricted Indicator = Presentation restricted 

NoAS: NoA VALUE 


SIP Parameter 
values: 




ISUP Parameter 
values: 




Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 
180 Ringing ACM 

Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE REL 
200 OK BYE «■ «■ RLC 
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1 r5U1 


oir reterence: Kro ozoi [oj loUr reterence: 

ES 283 027 [1], clause 7.2.3.1.2.6 


TSS reference: 


SIP-ISUP/SS/CLI/ 


SIP selection 
criteria: 




iSUP selection 
criteria: 


PICS 6/1 


Test purpose: 


P-Asserted-ldentity not in E. 164 format and From header not in the E. 164 Format, no 

Privacy header. Send Calling party number network provided 

Ensure that the SUT in the Idle state, on receipt of a INVITE message where: 

• the SIP P-Asserted- Identity containing a URI with an identity in the format "+" CC+ 
NDC+ SN has not been received; 

• the SIP From header field containing a URI with an identity in the format "+" CC+ 
NDC+ SN has not been received; 

• a Privacy header field has not been received. 

sends an lAIVI message with the Calling party number parameter coded: 

Address signals = network provided (PIXIT) 
Screening indicator = network provided 
Nature of address indicator = NoA_VALUE 
Number Incomplete Indicator = complete 
Numbering plan indicator = ISDN numbering plan 
Address Presentation Restricted Indicator = PIXIT 


SIP Parameter 
values: 




ISUP Parameter 
values: 




Comments: 


SIP SUT ISUP 

INVITE ^ ^ lAM 
180 Ringing ACM 

Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE ■» ■» REL 

200 OK BYE «■ «■ RLG 
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1 r5U1 vZZ 


oir reterence: Kro ozoi [oj loUr reterence: 

ES 283 027 [1], clause 7.2.3.1.2.6 


TSS reference: 


SIP-ISUP/SS/CLI/ 


SIP selection 
criteria: 




iSUP selection 
criteria: 




Test purpose: 


P-Asserted-ldentity sip URI, without user=plione and P-Asserted-ldentity tel URI, no 
Privacy header. Send Calling party number 

Ensure that the BUT in the Idle state, on receipt of a INVITE message where: 

• the SIP P-Asserted-ldentity containing a SIP URI with an identity 1 in the format 
"+" CC+ NDC+ SN has been received without user = phone; 

• the SIP P-Asserted-ldentity containing a Tel URI with an identity 2 in the format 
"+" CC+ NDC+ SN has been received; 

• a Privacy header field has not been received. 

sends an lAM message with the Calling party number parameter coded: 

Address signals = identity 2 

Screening indicator = networl< provided 

Number Incomplete Indicator = PIXIT 

Numbenng plan indicator = ISDN numbering plan 

Address Presentation Restricted Indicator = Presentation allowed 

NoAS: NoA VALUE 


SIP Parameter 
values: 




ISUP Parameter 
values: 




Comments: 


SIP BUT ISUP 

INVITE ^ ^ lAM 
180 Ringing ACM 

Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE ■» ■» REL 

200 OK BYE «■ «■ RLG 
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TroOl 023 


oir reterence: Kro ozoi [oj loUr reterence: 

ES 283 027 [1], clause 7.2.3.1.2.6 


TSS reference: 


SIP-ISUP/SS/CLI/ 


SIP selection 
criteria: 




iSUP selection 
criteria: 


PICS 6/1 AND PICS 6/12 


Test purpose: 


P-Asserted-ldentity not in E. 164 format, no Privacy header. Send Calling party number 
network provided Address not available 

Ensure that the SUT in the Idle state, on receipt of a INVITE message where: 

• the SIP P-Asserted-ldentity containing a URI with an identity in the format "+" CC+ 
NDC+ SN has not been received; 

• a Privacy header field has not been received. 

sends an lAIUI message with the Calling party number parameter coded: 

Address signals = not present 

Screening indicator = networl< provided 

Number Incomplete Indicator = incomplete 

Address Presentation Restricted Indicator = Address not available 


SIP Parameter 
values: 




ISUP Parameter 

values: 




Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 
180 Ringing ACM 

Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE REL 
200 OK BYE «■ «■ RLC 
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1 r5U1 U^4 


oir reterence: Kro ozoi [oj loUr reterence: 

ES 283 027 [1], clause 7.2.3.1.2.6 


TSS reference: 


SIP-ISUP/SS/CLI/ 


SIP selection 
criteria: 




iSUP selection 
criteria: 


PICS 6/1 AND PICS 6/3 AND PICS 6/12 


Test purpose: 


P-Asserted-ldentity not in E. 164 format and From header in the E. 164 Format, no Privacy 
header received. Send Calling party number network provided and Additional calling party 
number 

Ensure that the SUT in the Idle state, on receipt of a INVITE message where: 

• the SIP P-Asserted-ldentity containing a URI with an identity in the format "+" CC+ 
NDC+ SN has not been received; 

• the SIP From header field containing a URI with an identity in the format "+" CC+ 
NDC+ SN has been received; 

• a Privacy header field has not been received. 

sends an lAIVI message with the Calling party number parameter coded: 

Address signals = not present 

Screening indicator = network provided 

Number Incomplete Indicator = incomplete 

Address Presentation Restricted Indicator = Address not available 

with the Generic number parameter coded: 

Address signals = number derived from the From header 

Screening indicator = user provided, not verified 

Number Incomplete Indicator = complete 

Numbenng plan indicator = ISDN numbering plan 

Address Presentation Restricted Indicator = Presentation allowed 

NoAS: NoA VALUE 


SIP Parameter 
values: 




ISUP Parameter 

values: 




Comments: 


SIP SUT ISUP 

INVITE ^ ^ lAIVl 
180 Ringing ACM 

Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE REL 
200 OK BYE «■ «■ RLC 



Table 37: Values for test purposes TP501122, TP501023, TP501024 



VA 


The next BICC/ISUP node 
is located 


NoA_VALUE 


Number parameter 
address format 


VA 01 


in the same country 


'National (Significant) number" 


NDC+SN 


VA 01 


a different country 


"International number" 


CC+NDC+SN 
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6.3.1.2 Call Hold (HOLD) 



TP502001 


SIP reference: RFC 3261 [6] 


ISUP reference: 










7.4.10/[14] 


TSS reference: 


SIP-ISUP/SS/HOLD/ 


SIP ^plprtion 


PICS 8/4 








criteria: 










ISUP selection 


PICS 5/22 








criteria: 










Test purpose: 


Each party can hold and retrieve the remote party in the confirmed state 

Ensure that a party can put the other party on hold at any time after the call is answered 
and before call clearing has begun. Ensure that a party can retrieve the call previously put 
on hold. 




The calling party should be able to put the other party on hold 
The calling party should be able to retrieve the other party 
The called party should be able to put the other party on hold 






The called party should be able to retrieve the other party 




SIP Parameter 
values: 


SDP: a=sendonly (put on hold) 

a=sendrecv or omitted (retrieve the call) 
0= . . <version incremented> 


ISUP Parameter 


ORG: Generic notification: remote hold Event indicator PROGRESS (put on hold) 


values: 


Generic notification: remote retrieval event indicator PROGRESS (retrieve the call) 


Comments: 


SIP 

INVITE 


MGCF 

^ ■> 


ISUP 

lAM 




180 Ringing 
200 OK INVITE 


«■ 
«■ 


«■ 


ACM 
ANM 




INVITE(sendonly) 

200 OK INVITE(recvonly) 






CPG(hold) 




INVITE(sendrecv) 

200 OK INVITE(sendrecv) 






CPG(retrieve) 




INVITE(sendonly) 

200 OK INVITE(recvonly) 






CPG(hold) 




INVITE(sendrecv) 

200 OK INVITE(sendrecv) 




«■ 


CPG(retrieve) 
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SIP reference: RFC 3261 [6] 


ISUP reference: 
7.4.10/[14] 


TSS reference: 


SIP-ISUP/SS/HOLD/ 


SIP selection 
criteria: 


PICS 8/4 


ISUP selection 
criteria: 


PICS 5/22 PICS 8/1 


Test purpose: 


The calling party can hold and retrieve the remote party in the early dialogue 

Ensure that a party can put the other party on hold in the alerting state. Ensure that the 

party can retrieve the call previously put on hold. 

The calling party should be able to put the other party on hold 
The calling party should be able to retrieve the other party 


SIP Parameter 
values* 


SDP: a=sendonly (put on hold) 

a=sendrecv or omitted (retrieve the call) 
0= . . <version incremented> 


ISUP Parameter 
values. 


CPG: Generic notification: remote hold Event indicator PROGRESS (put on hold) 

Generic notification: remote retrieval event indicator PROGRESS (retrieve the call) 


Comments: 


SIP MGCF ISUP 
INVITE ■> ■> lAM 
180 Ringing <■ ACM 




UPDATE(sendonly) 

200 OK UPDATE(recvonly) «■ 


^ GPG(hold) 




UPDATE(sendrecv) 

200 OK UPDATE(sendrecv) «■ 


CPG(retrieve) 



TP502003 


SIP reference: RFC 3261 [6] 


ISUP reference: 
7.4.10/[14] 


TSS reference: 


SIP-ISUP/SS/HOLD/ 


SIP selection 
criteria: 


PICS 8/2 


ISUP selection 
criteria: 


PICS 5/22 


Test purpose: 


The calling party can hold and retrieve the remote party after the calling party has provided 
all information to process the call 

Ensure that a party can put the other party on hold after the calling user has provided all of 
the information necessary for processing the call. Ensure that the party can retrieve the 
call previously put on hold. 

The calling party should be able to put the other party on hold 
The calling party should be able to retrieve the other party 


SIP Parameter 
values: 


SDP: a=sendonly (put on hold) 

a=sendrecv or omitted (retrieve the call) 
0= . . <version> incremented 


ISUP Parameter 
values: 


ACM: called party status: no indication 

CPG: Generic notification: remote hold Event indicator PROGRESS (put on hold) 

Generic notification: remote retrieval Event indicator PROGRESS (retrieve the call) 


Comments: 


SIP MGCF ISUP 
INVITE ^ ^ lAM 




UPDATE(sendonly) 

200 OK UPDATE(recvonly) «■ 






UPDATE(sendrecv) 

200 OK UPDATE(sendrecv) «■ 
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SIP reference: RFC 3261 [6] 


ISUP reference: 
7.4.10/[14] 


TSS reference: 


SIP-ISUP/SS/HOLD/ 


SIP selection 
criteria: 


PICS 8/4 


ISUP selection 
criteria: 


PICS 5/22 


Test purpose: 


A party can hold and retrieve the remote party in the confirmed state using the UPDATE 
method (receiving) 

Ensure that a party can put the other party on hold at any time after the call is answered 
and before call clearing has begun. Ensure that a party can retrieve the call previously put 

on hold. 

The calling party should be able to put the other party on hold 
The calling party should be able to retrieve the other party 


SIP Parameter 
values: 


SDP: a=sendonly (put on hold) 

a=sendrecv or omitted (retrieve the call) 

0= . . <version incremented> 


ISUP Parameter 
values: 


CPG: Generic notification: remote hold Event indicator PROGRESS (put on hold) 

Generic notification: remote retrieval event indicator PROGRESS (retrieve the call) 


Comments: 


SIP MGCF ISUP 
INVITE ^ ^ lAM 
180 Ringing «■ «■ ACM 
200 OK INVITE «■ «■ ANM 




UPDATE(sendonly) 

200 OK INVITE(recvonly) «■ 


^ CPG(holcl) 




UPDATE(sendrecv) ■> 
200 OK UPDATE(recvonly) «■ 


CPG(retrieve) 



TP502005 



SIP reference: RFC 3261 [6] 



ISUP reference: 
7.4.1 0/[1 4] 



TSS reference: 



SIP-ISUP/SS/HOLD/ 



SIP selection 
criteria: 



PICS 8/4 PICS 8/3 



ISUP selection 
criteria: 



PICS 5/22 



Test purpose: 



A party can hold and retrieve the remote party in the confirmed state using the UPDATE 
method (sending) 

Ensure that a party can put the other party on hold at any time after the call is answered 
and before call clearing has begun. Ensure that a party can retrieve the call previously put 
on hold. 

The called party should be able to put the other party on hold 

The called party should be able to retrieve the other party 



SIP Parameter 
values: 



SDP: a=sendonly (put on hold) 

a=sendrecv or omitted (retrieve the call) 

0= . . <version incremented> 



ISUP Parameter 
values: 



CPG: Generic notification: remote hold Event indicator PROGRESS (put on hold) 

Generic notification: remote retrieval event indicator PROGRESS (retrieve the call) 



Comments: 



SIP 

INVITE ^ 
180 Ringing 

200 OK INVITE «■ 

UPDATE(sendonly) «■ 

200 OK INVITE(recvonly) ^ 

UPDATE(sendrecv) *■ 

200 OK UPDATE(recvonly) ^ 



MGCF 



ISUP 

lAM 

ACM 

ANM 



«■ CPG(hold) 
«■ CPG(retrieve) 
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SIP reference: RFC 3261 [6] 


ISUP reference: 
7.4.10/[14] 


TSS reference: 


SIP-ISUP/SS/HOLD/ 


SIP selection 
criteria: 


PICS 8/4 


ISUP selection 
criteria: 


PICS 5/22 


Test purpose: 


Both parties can hold and retrieve the remote party in the confirmed state. First hold party 
retrieves first 

Ensure that a party can put the other party on hold at any time after the call is answered 

and before call clearing has begun. Ensure that a party in held state can put the remote 
party put on hold. Ensure that a party can retrieve the call previously put on hold. 




The calling party should 
The called party should 
The calling party should 
The called party should 


be able to put the other party on hold 
be able to put the other party on hold 

be able to retrieve the other party 
be able to retrieve the other party 




SIP Parameter 
values: 


SDR: a=sendonly or a=inactive (put on hold) 

a=sendrecv or a=recvonly or omitted (retrieve the call) 
0= . . <version incremented> 


ISUP Parameter 
values: 


CPG: Generic notification: remote hold Event indicator PROGRESS (put on hold) 

Generic notification: remote retrieval event indicator PROGRESS (retrieve the call) 


Comments: 


SIP 

INVITE 

180 Ringing 
200 OK INVITE 


MGCF 


ISUP 




INVITE(sendonly) 

200 OK INVITE(recvonly) 






CPG(hold) 




INVITE(inactlve) 

200 OK INVITE(inactive) 






CPG(hold) 




INVITE(recvonly) 

200 OK INVITE(sendonly) 






CPG(retrieve) 




INVITE(sendrecv) 

200 OK INVITE(sendrecv) 






CPG(retrieve) 
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SIP reference: RFC 3261 [6] 


ISUP reference: 
7.4.10/[14] 


TSS reference: 


SIP-ISUP/SS/HOLD/ 


SIP selection 
criteria: 


PICS 8/4 


ISUP selection 
criteria: 


PICS 5/22 


Test purpose: 


Both partys can hold and retrieve the remote party in the confirmed state. Second hold 
party retrieves first 

Ensure that a party can put the other party on hold at any time after the call is answered 

and before call clearing has begun. Ensure that a party in held state can put the remote 
party put on hold. Ensure that a party can retrieve the call previously put on hold. 

The calling party should be able to put the other party on hold 
The called party should be able to put the other party on hold 
The called party should be able to retrieve the other party 
The calling party should be able to retrieve the other party 


SIP Parameter 
values: 


SDR: a=sendonly or a=inactive (put on hold) 

a=sendrecv or a=recvonly or omitted (retrieve the call) 
0= . . <version incremented> 


ISUP Parameter 
values: 


CPG: Generic notification: remote hold Event indicator PROGRESS (put on hold) 

Generic notification: remote retrieval event indicator PROGRESS (retrieve the call) 


Comments: 


SIP MGCF ISUP 
INVITE ^ ^ 

180 Ringing 

200 OK INVITE <■ <■ 




INVITE(sendonly) ^ 
200 OK INVITE(recvonly) «■ 


^ CPG(hold) 




INVITE(inactlve) «■ 
200 OK INVITE(inactive) ^ 


«■ CPG(hold) 




INVITE(recvonly) «■ 
200 OK INVITE(sendonly) 


«■ CPG(retrieve) 




INVITE(sendrecv) 

200 OK INVITE(sendrecv) «■ 


CPG(retrieve) 



6.3.1 .3 Terminal portability (TP) 

Void. 
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6.3.1 .4 Conference calling (CONF) 



TP504001 


SIP reference: RFC 3261 [6] NGN reference: 

ES 283 027 [1], clause 7.4.14 


TSS reference: 


SIP-ISUP/SS/GONF/ 


SIP selection 
criteria: 


PICS 8/2 


ISUP selection 
criteria: 


PICS 5/10 


Test purpose: 


Generic notification Conference estabiished and Conference disconnected and SIP 
procedure 

Ensure that the SUT does not stop the temporarily sending one or more unicast media 
streams if a CPG message Generic notification indicator was received due to the CONF 
supplementary service. 


SIP Parameter 
values: 




ISUP Parameter 
values: 


CPG: Generic notification = Conference established 
CPG: Generic notification = Conference disconnected 


Comments: 


SIP SUT ISUP 

INVITE ^ ^ lAM 
180 Ringing «■ «■ ACIVI 
Ringing tone 

200 OK INVITE ANM 

^\J\J \ 1 1 >l V 1 1 1 ^ ^ f^l i| 1 VI 

ACK 

Conversation 

CPG(Conference established) 

Conversation 

CPG(Conference disconnected) 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 
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SIP reference: RFC 3261 [6] 


NGN reference: 
ES 283 027 [1], clause 7.4.14 


TSS reference: 


SIP-ISUP/SS/CONF/ 


SIP selection 
criteria: 


PICS 8/2 


ISUP selection 
criteria: 


PICS 5/10 


Test purpose: 


Generic notification Isoiatedand Reattachied and SIP procedure 

Ensure that the SUT stop the temporarily sending one or more unicast media streams if a 
CPG message Generic notification indicator with the value GEN_NOT_VALUE was 

received due to the CONF supplementary service. 

If the media stream is either in state "sendonly" or "inactive" then: INVITE with the attribute 
line a=sendonly/sendrecv or omitted attribute line, else: no mapping. 


SIP Parameter 
values: 


SDP: a=sendonly/sentrecv or a line is omitted 


ISUP Parameter 
values: 


CPG: Generic notification = Conference established 
CPG: Generic notification = GEN_NOT_VALUE 
CPG: Generic notification = Conference disconnected 


Comments: 


SIP SUT ISUP 

INVITE ^ ^ lAM 
180 Ringing «■ «■ ACM 
Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

CPG(Conference established) 




INVITE(sendonly) «■ 
200 OK INVITE(recvonly) ^ 
ACK «■ 


«■ CPG(lsolated) 




INVITE(sendrecv) «■ «■ CPG(Reattached) 

200 OK INVITE(sendrecv) 

ACK «■ 

Conversation 

CPG(Conference disconnected) 




BYE ^ 
200 OK BYE «■ 


^ REL 
«■ RLC 
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Tr5040u3 


SIP reference: RFC 3261 [6] 


NGN reference: 
ES 283 027 [1], clause 7.4.14 


TSS reference: 


SIP-ISUP/SS/CONF/ 


SIP selection 
criteria: 


NOT PICS 5/10 


iSUP selection 
criteria: 




Test purpose: 


No mapping of isolated and reattached 








Ensure that the SUT on receipt of a CPG message due to the CONF supplementary 
service, the Generic notification indicator with the value. 




No mapping, no disrupting the SIP procedure. 




SIP Parameter 
values: 


No mapping 


ISUP Parameter 
values: 


CPG: Generic notification = Conference established 
CPG: Generic notification = isolated 

CPG: Generic notification = reattached 

CPG: Generic notification = Conference disconnected 


Comments: 


SIP SUT 

INVITE ^ ^ 
180 Ringing «■ «■ 
Ringing tone 

200 OK INVITE «■ «■ 
ACK ^ 

Conversation 

«■ 


ISUP 

lAM 
ACM 

ANM 

CPG(Conference established) 








CPG(lsolated) 




«■ 

Conversation 

«■ 


CPG(Reattached) 
CPG(Conference disconnected) 




BYE ^ 
200 OK BYE «■ 




REL 
RLC 
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7.4.1 4/[1 4] 


TSS reference: 


SIP-ISUP/SS/CONF/ 


SIP selection 
criteria: 


PICS [16] 8/2 


ISUP selection 
criteria: 


PICS [16] 5/10 


Test purpose: 


No mapping of generic notifications no change the session state 

Ensure that the MGCF can receive in a CPG the Generic notifications is "other party 

1 t irr II J. * I J. Ill II j.i J. J.J. 1 III II J.I J. I'd-ii M 

added or other party isolated or other party reattached or other party split or 
conference floating" or " other party disconnected" and there Is no mapping on the SIP 
side and the call is not disrupted. 


SIP Parameter 
values: 




ISUP Parameter 
values: 




Comments: 


SIP MGCF ISUP 
INVITE ^ ^ lAM 
180 Ringing «■ «■ ACM 
200 OK INVITE «■ «■ ANM 
ACK ^ 

CPG(Conference established) 
«■ CPG(other party added) 
«■ CPG(other party isolated) 

CPG(other party reattached) 
«■ CPG(other party split) 

CPG(other party disconnected) 
^ CPGfConference floatina) 

CPG(Conference disconnected) 

BYE «■ «■ REL 

200 OK BYE ^ ^ RLC 
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TP504005 



SIP reference: RFC 3261 [6] 



NGN reference: 
ES 283 027 [1], clause 7.5.6 



TSS reference: 



SIP-ISUP/SS/CONF/ 



SIP selection 
criteria: 



PICS 1/1 



iSUP selection 
criteria: 



Test purpose: 



Conference notification information is mapped into "conference establisfied" 

Upon the receipt of a conference Information document with the <conference-state-type> 
element active is set to "true", the MGCF shall send a CPG message to the CS side with a 
notification "conference established". 



SIP Parameter 
values: 



NOTIFY 1 : Event contains conference; Subscription-State contains active; 
expires=xxxx 

application/conference-info+xml: 
<conference-info> 

entity=conference URI state="fuir' version="x" 
<conference-state> 

<user-count>2</user-count> if present 
<active>true</active> if present 
<users> 

<iysef entity=ISUPx URI state="full" 
<endpoint entity=endpoint ISUPx URI 
<status>connected</status> 
<joining-method>dialed-out</joining-method> 
<media id="1" 

<status>sendrecv</status> 



ISUP Parameter 
values: 



Comments: 



SIP 

INVITE 
180 Ringing 
200 OK INVITE 
ACK 

INVITE{SDP focus) 
200 OK INVITE 
ACK 

NOTIFY 1 
BYE 

200 OK BYE 



MGCF 



ISUP 

lAM 

ACM 

ANM 



CPG(Conference established) 

REL 
RLC 
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TP504006 



SIP reference: RFC 3261 [6] 



NGN reference: 
ES 283 027 [1], clause 7.5.6 



TSS reference: 



SIP-ISUP/SS/CONF/ 



SIP selection 
criteria: 



PICS 1/1 



iSUP selection 
criteria: 



Test purpose: 



Conference notification information is mapped into "otfier party added" 

Upon the receipt of a conference information document with the <enclpoint-type> and the 
element status of endpoint-status-type is set to "connected" and it was not set to "on-hold" 
before and the Contact URI in the element entity is not the address of the served 
PSTN/ISDN participant, the MGCF shall send a CFG message to the CS side with a 
notification "other other party added". 



SIP Parameter 
values: 



NOTIFY 1 : see test case 504005 

NOTIFY 2: Event contains conference; Subscription-State contains active 
application/conference-info+xml: 

<conference-info> 

entity=conference URI state="full" version="x" 
<conference-state> 

<user-count>3</user-count> if present 
<users> 

<i;sefentity=SIPx URI state="full" 
<endpoint entity=endpoint SIPx URI 
<status>connected</status> 

<joining-method>dialed-out</ joining-method> 
<media id="1" 

<status>sendrecv</status> 



ISUP Parameter 
values: 



Comments: 



SIP 

INVITE 
180 Ringing 
200 OK INVITE 
ACK 

INVITE{SDP focus) 
200 OK INVITE 
ACK 

NOTIFY 1 

200 OK NOTIFY 

NOTIFY 2 

200 OK NOTIFY 

BYE 

200 OK BYE 



MGCF 



ISUP 

lAM 

ACM 

ANM 



CPG(Conference established) 



^ CPG(other party added) 



«■ REL 
^ RLC 
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TP504007 



SIP reference: RFC 3261 [6] 



NGN reference: 

ES 283 027 [1], clause 7.5.6 



TSS reference: 



SIP-ISUP/SS/CONF/ 



SIP selection 
criteria: 



PICS 1/1 



ISUP selection 
criteria: 



Test purpose: 



Conference notification information is mapped into "isolated" 

Upon the receipt of a conference information document witii tiie <endpoint-type> and tiie 
element status of endpoint-status-type is set to "on-hold" and it was set to "connected" 
before and the Contact URI in the element entity is the address of the served PSTN/ISDN 
participant, the MGCP shall send a CPG message to the CS side with a notification 
"isolated". 



SIP Parameter 
values: 



NOTIFY 1 : see test case 504005 

NOTIFY 2: Event contains conference; Subscription-State contains active 
application/conference-info+xml: 

<conference-info> 

entity=conference URI state="fuir' version="x" 
<conference-state> 

<user-count>3</user-count> if present 
<users> 

<i;sefentity=ISUPx URI state="fuH" 
<endpoint entity=endpoint ISUPx URI 
<status>on-hold</status> 

<joining-method>dialed-out</ joining-method> 
<media id="1" 

<status>sendrecv</status> 



ISUP Parameter 
values: 



Comments: 



SIP 

INVITE 
180 Ringing 
200 OK INVITE 
ACK 

INVITE{SDP focus) 
200 OK INVITE 
ACK 

NOTIFY 1 

200 OK NOTIFY 

NOTIFY 2 

200 OK NOTIFY 

BYE 

200 OK BYE 



MGCP 



ISUP 

lAM 

ACM 

ANM 



CPG(Conference established) 



^ CPG(isolated) 



«■ REL 
^ RLC 
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TP504008 



SIP reference: RFC 3261 [6] 



NGN reference: 

ES 283 027 [1], clause 7.5.6 



TSS reference: 



SIP-ISUP/SS/CONF/ 



SIP selection 
criteria: 



PICS 1/1 



ISUP selection 
criteria: 



Test purpose: 



Conference notification information is mapped into "other party isolated" 

Upon the receipt of a conference information document witii tiie <enclpoint-type> and the 
element status of endpoint-status-type is set to "on-hold" and it was set to "connected" 
before and the Contact URI in the element entity is not the address of the served 
PSTN/ISDN participant, the MGCF shall send a CFG message to the CS side with a 
notification "other party isolated". 



SIP Parameter 
values: 



NOTIFY 1 : see test case 504005 

NOTIFY 2: Event contains conference; Subscription-State contains active 
application/conference-info+xml: 

<conference-info> 

entity=conference URI state="fuir' version="x" 
<conference-state> 

<user-count>3</user-count> If present 
<users> 

<i;sefentity=SIPx URI state="full" 
<endpoint entity=endpoint SIPx URI 
<status>on-hold</status> 

<joining-method>dialed-out</ joining-method> 
<media id="1" 

<status>sendrecv</status> 



ISUP Parameter 
values: 



Comments: 



SIP 

INVITE 
180 Ringing 
200 OK INVITE 
ACK 

INVITE{SDP focus) 
200 OK INVITE 
ACK 

NOTIFY 1 

200 OK NOTIFY 

NOTIFY 2 

200 OK NOTIFY 

BYE 

200 OK BYE 



MGCF 



ISUP 

lAM 

ACM 

ANM 



CPG(Conference established) 



^ CPG(other party isolated) 



«■ REL 
^ RLC 
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TP504009 



SIP reference: RFC 3261 [6] 



NGN reference: 

ES 283 027 [1], clause 7.5.6 



TSS reference: 



SIP-ISUP/SS/CONF/ 



SIP selection 
criteria: 



PICS 1/1 



ISUP selection 
criteria: 



Test purpose: 



Conference notification information is mapped into "reattactied" 

Upon the receipt of a conference information document witii tiie <enclpoint-type> and tiie 
element status of endpoint-status-type is set to "connected" and it was set to "on-hold" 
before and the Contact URI in the element entity is the address of the served PSTN/ISDN 
participant, the MGCP shall send a CPG message to the CS side with a notification 
"reattached". 



SIP Parameter 
values: 



NOTIFY 1 : see test case 504005 

NOTIFY 2: Event contains conference; Subscription-State contains active 
application/conference-info+xml: 

<conference-info> 

entity=conference URI state="fuir' version="x" 
<conference-state> 

<user-count>3</user-count> if present 
<users> 

<i;sefentity=ISUPx URI state="fuH" 
<endpoint entity=endpoint ISUPx URI 
<status>on-hold</status> 
<joining-method>dialed-out</ joinjng-method> 
<media id="1" 

<status>sendrecv</status> 
NOTIFY 3: Event contains conference; Subscription-State contains active 
application/conference-info+xml: 
<conference-info> 

entity=conference URI state="fuir' version="x" 
<conference-state> 

<user-count>3</user-count> if present 
<users> 

<i;sefentity=ISUPx URI state="full" 
<endpoint entity=endpoint ISUPx URI 
<status>connected</status> 
<joining-method>dialed-out</joining-method> 
<media id="1" 

<status>sendrecv</status> 



ISUP Parameter 
values: 



Comments: 



SIP 

INVITE 
180 Ringing 
200 OK INVITE 
ACK 

INVITE(SDP focus) 
200 OK INVITE 
ACK 

NOTIFY 1 

200 OK NOTIFY 

NOTIFY 2 

200 OK NOTIFY 

NOTIFY 3 

200 OK NOTIFY 

BYE 

200 OK BYE 



MGCP 



ISUP 

lAM 

ACM 

ANM 



CPG(Conference established) 



^ CPG(isolated) 



CPG(reattached) 



«■ REL 

RLC 
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SIP reference: RFC 3261 [6] 


NGN reference: 

ES 283 027 [1], clause 7.5.6 


TSS reference: 


SIP-ISUP/SS/CONF/ 


SIP selection 
criteria: 


PICS 1/1 


ISUP selection 
criteria: 




Test purpose: 


Conference notification information is mapped into "other party reattacfied" 

Upon the receipt of a conference information document with the <enclpoint-type> and the 
element status of endpoint-status-type is set to "connected" and it was set to "on-hold" 
before and the Contact URI in the element entity is not the address of the served 
PSTN/ISDN participant, the MGCF shall send a CFG message to the CS side with a 
notification "other party reattacfied". 


SIP Parameter 
values: 


NOTIFY 1 : see test case 504005 

NOTIFY 2: Event contains conference; Subscription-State contains active 
application/conference-info+xml: 
<conference-info> 

entity=conference URI state="fuir' version="x" 
<conference-state> 

<user-count>3</user-count> if present 
<users> 

<i;ser entity=SIPx URI state="full" 
<endpoint entity=endpoint SIPx URI 
<status>on-hold</status> 
<joining-method>dialed-out</joining-method> 
<media id="1" 

<status>sendrecv</status> 
NOTIFY 3: Event contains conference; Subscription-State contains active 
application/conference-info+xml: 
<conference-info> 

entity=conference URI state="fuir' verslon="x" 
<conference-state> 

<user-count>3</user-count> If present 
<users> 

<i;ser entity=SIPx URI state="full" 
<endpoint entity=endpolnt SIPx URI 
<status>connected</status> 
<jolnlng-method>dlaled-out</ jolning-method> 
<medla ld="1" 

<status>sendrecv</status> 


ISUP Parameter 

values: 




Comments: 


SIP MGCF 

INVITE ^ 
180 Ringing «■ 
200 OK INVITE «■ 
ACK ^ 

INVITE(SDP focus) ^ 
200 OK INVITE «■ 
ACK ^ 


ISUP 
^ lAM 
«■ ACM 
«■ ANM 




NOTIFY 1 ^ 
200 OK NOTIFY «■ 
NOTIFY 2 ^ 
200 OK NOTIFY «■ 


CPG(Conference established) 
^ CPG(other party isolated) 




NOTIFY 3 ^ 
200 OK NOTIFY «■ 


CPG(other party reattached) 




BYE «■ 

200 OK BYE 


«■ REL 

RLC 
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SIP reference: RFC 3261 [6] 


NGN reference: 

ES 283 027 [1], clause 7.5.6 


TSS reference: 


SIP-ISUP/SS/CONF/ 


SIP selection 
criteria: 


PICS 1/1 


ISUP selection 
criteria: 




Test purpose: 


Conference notification information is mapped into "other party disconnected" 

Upon the receipt of a conference information document with the <endpoint-type> and the 
element status of endpoint-status-type is set to "disconnected" and the element joining- 
method of joining-type is not set to "focus-owner, the MGCF shall send a CPG message to 
the CS side with a notification "other party disconnected". 


SIP Parameter 
values: 


NOTIFY 1 : see test case 504005 

NOTIFY 2: Event contains conference; Subscription-State contains active 
application/conference-info-Hxml: 
<conference-info> 

entity=conference URI state="fuir' version="x" 
<conference-state> 

<user-count>3</user-count> if present 
<users> 

<iysef entity=SIPx URI state="full" 
<endpoint entity=endpoint SIPx URI 
<status>connected</status> 
<joining-method>dialed-out</joining-method> 
<media id="1" 

<status>sendrecv</status> 
NOTIFY 3: Event contains conference; Subscription-State contains active 
application/conference-info+xml: 
<conference-info> 

entity=conference URI state="fuir' version="x" 
<conference-state> 

<user-count>3</user-count> if present 
<users> 

<tjser entity=SIPx URI state="full" 
<endpoint entity=endpoint SIPx URI 
<status>dlsconnected</status> 
<joining-method>dialed-out</joining-method> 
<disconnection-method>departed<disconnection- 

method/> 

<media id="1" 

<status>sendrecv</status> 


ISUP Parameter 

values: 




Comments: 


SIP MGCF 

INVITE ^ 
180 Ringing «■ 
200 OK INVITE «■ 
ACK ^ 

INVITE(SDP focus) ^ 
200 OK INVITE «■ 
ACK ^ 


ISUP 
^ lAM 
«■ ACM 
«■ ANM 




NOTIFY 1 ^ 
200 OK NOTIFY «■ 
NOTIFY 2 ^ 
200 OK NOTIFY «■ 


CPG(Conference established) 
^ CPG(other party added) 




NOTIFY 3 ^ 
200 OK NOTIFY «■ 


CPG(other party disconnected) 




BYE «■ 

200 OK BYE 


«■ REL 

RLC 
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TP504012 



SIP reference: RFC 3261 [6] 



NGN reference: 

ES 283 027 [1], clause 7.5.6 



TSS reference: 



SIP-ISUP/SS/CONF/ 



SIP selection 
criteria: 



NOT PICS 1/1 



ISUP selection 
criteria: 



Test purpose: 



Conference notification information is mapped into "otfier party added" 

Upon the receipt of a conference information document the conference notification 
information is not mapped to the PSTN side. No NOTIFY is sent to the ISDN user. 



SIP Parameter 
values: 



NOTIFY 1 : see test case 504005 

NOTIFY 2: Event contains conference; Subscription-State contains active 
application/conference-i nfo+xm I : 
<conference-info> 

entity=conference URI state="fuH" version="x" 
<conference-state> 

<user-count>3</user-count> if present 
<users> 

<i;serentity=SIPx URI state="full" 
<endpoint entity=endpoint SIPx URI 
<status>connected</status> 
<joining-method>dialed-out</joining-method> 
<media id="1" 

<status>sendrecv</status> 



ISUP Parameter 
values: 



Comments: 



SIP 

INVITE 

180 Ringing 
200 OK INVITE 

INVITE(SDP focus) 
200 OK INVITE 
ACK 

NOTIFY 1 

200 OK NOTIFY 

NOTIFY 2 

200 OK NOTIFY 

BYE 

200 OK BYE 



MGCF 



ISUP 

lAM 

ACM 
ANIVl 



CPG(Conference established) 



CPG(other party added) 



«■ REL 
^ RLC 
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TP50401 3 


SIP reference: RFC 3261 [6] 


NGN reference: 

ES 283 027 [1], clause 7.5.6 


TSS reference: 


SIP-ISUP/SS/CONF/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


The referring of MGCF is not possible cail is established 

Ensure that a REFER request received by tlie MGCF is not successful. The request is 
rejected with 403 Forbidden. The CS -site is not affected. 


SIP Parameter 
values: 


REFER: Request URI contained the conference URI 

Refer-To contains the URI of ISUPx, method=invite 
Referred-By contains SIP or tel URI of SIPx 


ISUP Parameter 
values: 




Comments: 


SIP MGCF ISUP 

INVITE lAM 
180 Ringing «■ «■ ACM 
200 OK INVITE «■ «■ ANM 
ACK ^ 

REFER ^ 
403 Forbidden «■ 



TP504014 


SIP reference: RFC 3261 [6] 


NGN reference: 

ES 283 027 [1], clause 7.5.6 


TSS reference: 


SIP-ISUP/SS/CONF/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


The referring of MGCF is not possible cail is not established 

Ensure that a REFER request received by the MGCF is not successful. The request is 
rejected with 403 Forbidden. The CS -site is not affected. 


SIP Parameter 
values: 


REFER: Request URI contained the conference URI 

Refer-To contains the URI of ISUPx, method=invite 
Referred-By contains SIP or tel URI of SIPx 


ISUP Parameter 
values: 




Comments: 


SIP MGCF ISUP 

REFER ^ 
403 Forbidden «■ 
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6.3.1.5 Three Party service (3PTY) 



TP505001 


SIP reference: RFC 3261 [6] 






NGN reference: 










ES 283 027 [1], clause 7.4.15 


TSS reference: 


SIP-ISUP/SS/3PTY/ 


SIP selection 


PICS 8/2 










criteria: 












ISUP selection 


PICS 5/5 AND PICS 5/18 










criteria: 












Test purpose: 


Notification procedure supported 










Ensure that the SUT stop the temporarily sending one or more unicast media streams if a 
CPG message Generic notification indicator with the value GEN_NOT_VALUE was 




received due to the 3PTY supplementary service. 






• If the media stream is either in state "sendonly" or "inactive" then: INVITE with the 
attribute line a_UNE_VA, or omitted attribute line, else: no mapping. 


bir Harameter 


SDP: a=a LINE VA (see table 38) 








vaiUGS. 












values: 


CPG: notification = remote hold 

CPG: Generic notification = GEN NOT VALUE 


Comments: 


SIP 




SUT 




ISUP 




INVITE 








lAIVI 




180 Ringing «■ 
Ringing tone 
200 OK INVITE «■ 




«■ 


ACM 
ANM 




ACK 
















Conversation 






INVITE(sendonly) 

200 OK INVITE(recvonly) 

ACK 






«■ 


CPG(hold) 




INVITE(sendrecv) 

200 OK INVITE(sendrecv) 

ACK 








CPG(Conference established) 








Conversation 










Conversation 


CPG(Conference disconnected) 




BYE 








REL 




200 OK BYE 








RLC 



Table 38 



Values for test purpose TP505001 




<-INVITE/UPDATE 


<-CPG 




SDP attribute line 


Generic notification 




a_LINE_VA 


GEN_NOT_VALUE 


VA 01 


sendonly or inactive 


Conference established 


VA 02 


sendrecv or recvonly or omitted 


Conference disconnected 
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TP505002 


SIP reference: RFC 3261 [6] 


NGN reference: 
ES 283 027 [1], clause 7.4.15 
ITU-T Rec Q.734.2 [35], clause 2.7 


TSS reference: 


SIP-ISUP/SS/3PTY/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 


NOT PICS 5/18 


Test purpose: 


Notification procedure not supported 






Ensure that the SUT on receipt of a CPG message due to the 3PTY supplementary 
service, the Generic notification indicator with the value. 




No mapping, no disrupting the SIP procedure. 


SIP Parameter 
values: 


No mapping 


ISUP Parameter 

values: 


CPG: Generic notification = Conference established 
CPG: Generic notification = Conference disconnected 


Comments: 


SIP SUT 

INVITE ^ 
180 Ringing «■ 
Ringing tone 


ISUP 

^ lAM 
«■ ACM 

«■ CPG(hold) 




CPG(Conference established) 

Conversation 

CPG(Conference disconnected) 

Conversation 

BYE ^ ^ BEL 
200 OK BYE «■ «■ RLC 
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TP504003 



SIP reference: RFC 3261 [6] 



NGN reference: 
ES 283 027 [1], clause 7.4.15 



TSS reference: 



SIP-ISUP/SS/3PTY 



SIP selection 
criteria: 



PICS 1/1 



ISUP selection 
criteria: 



Test purpose: 



Conference notification information is mapped into "conference estabiishied" 
Upon the receipt of a conference information document with the <conference-state-type> 
element active is set to "true", the MGCF shall send a CPG message to the CS side with a 
notification "conference established". 



SIP Parameter 
values: 



NOTIFY 1 : Event contains conference; Subscription-State contains active; 
expires=xxxx 

application/conference-info+xml: 
<conference-info> 

entity=conference URI state="fuir' version="x" 
<conference-state> 

<user-count>2</user-count> if present 
<active>true</active> if present 
<users> 

<userentity=ISUPx URI state="full" 
<endpoint entity=endpoint ISUPx URI 
<status>connected</status> 
<joining-method>dialed-out</ joining-method> 

<media id="1" 

<status>sendrecv</status> 



ISUP Parameter 
values: 



Comments: 



SIP 

INVITE 
180 Ringing 
200 OK INVITE 
ACK 

INVITE(sendonly) 

200 OK INVITE(recvonly) 

ACK 

INVITE(SDP focus) 
200 OK INVITE 
ACK 

NOTIFY 1 

BYE 

200 OK BYE 



MGCF 



ISUP 

lAM 

ACM 

ANM 



CPG(hold) 



CPG(Conference established) 

REL 
RLC 
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6.3.1 .6 Connected line identification (COL) 



TP506001 


ISUP reference: 
[15] clause 7.4.2 


TSS reference: 


SIP-ISUP/SS/COL/ 


SIP selection 
criteria: 


NOT PICS 5/22 


ISUP selection 
criteria: 




Test purpose: 


Mapping of connected number not supported 

Ensure that the SUT, if a connected number is received in an ANIVI, does not disrupt the SIP 
signalling procedure. The connected number is not mapped into any SIP message. 


SIP Parameter 
values: 




ISUP Parameter 
values' 


ANM: Connected number Parameter 


Comments: 


SIP MGCF ISUP 

INVITE ^ ^ lAM 
180 Ringing «■ «■ ACM 
200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 
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ISUP reference: 
[14] clauses 7.4.2 and 7.5.2 


TSS reference: 


SIP-ISUP/SS/COL/ 


SIP selection 
criteria: 


PICS 5/22 AND PICS 13/1 


ISUP selection 
criteria: 




Test purpose: 


Connected number national, presentation aliowed, no additional connected number received 
Ensure that the SUT, on receipt of an ANM message with a 
Connected number parameter coded 

Address presentation restricted parameter = presentation allowed 

Nature of address indicator = national number 

Numbering plan indicator = ISDN/Telephony numbering plan 

Screening indicator = Network provided 

Address signals in the format: NDC+SN 




and without the Generic number parameter, 






sends a 200 OK INVITE to the UAC with a 






P-Asserted-ldentity header field containing a URI with an identity in the format "+" CC+ 
NDC+ SN has been received and Add CC (of the country where the MGCF is located) to 
Connected PN address signals to construct E.I 64 number in URI global number format. 


SIP Parameter 
values: 


200 OK INVITE: P-Asserted-ldentity header field Tel URL containing an URI in the format 
"+"CC+NDC+SN 


ISUP Parameter 
values: 


ANM; 

Connected number parameter 

Address presentation restricted parameter = 'OO'B 

Nature of address indicator = '000001 1 'B 

Numbering plan indicator = '001 'B 

Screening indicator = Network provided 

Address signals = derrived from the P-Asserted-ldentity 

Generic number parameter not present 


Comments: 


SIP MGCF ISUP 

INVITE lAM 
180 Ringing «■ «■ ACM 
200 OK INVITE «■ «■ ANM 
ACK 

Conversation 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 



ETSI 



250 



ETSI TS 186 009-2 V2.1.1 (2009-03) 
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NGN reference: 
ES 283 027 [1], clauses 7.4.2 and 7.5.2 


TSS reference: 


SIP-ISUP/SS/COL/ 


SIP selection 
criteria: 


PICS 5/22 AND PICS 13/1 


ISUP selection 
criteria: 




Test purpose: 


Connected number international, presentation allowed, no additional connected number 

received 

Ensure that the SUT, on receipt of an ANM message with a 
Connected number parameter coded 

Address presentation restricted parameter = presentation allowed 
Nature of address indicator = international number 
Numbering plan indicator = ISDN/Telephony numbering plan 
Screening indicator = Network provided 
Address signals in the format: CC+NDC+SN 




and without the Generic number parameter, 






sends a 200 OK INVITE to the UAC with a 






P-Asserted-ldentity header field containing a URI with an identity in the format "+" CC+ 
NDC+ SN as received in the connected number in the ANIVI. 


SIP Parameter 
values: 


200 OK INVITE: P-Asserted-ldentity header field Tel URL containing an URI in the format 
"+"CC+NDC+SN 


ISUP Parameter 
values: 


ANM; 

Connected number parameter 

Address presentation restricted parameter = 'OO'B 

Nature of address indicator = 00001 OO'B 

Numbering plan indicator = '001 'B 

Screening indicator = Network provided 

Address signals = PIXIT 

Generic number parameter not present 


Comments: 


SIP MGCF ISUP 

INVITE ^ ^ lAM 
180 Ringing «■ «■ ACM 
200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 
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ISUP reference: 
[14] clauses 7.4.2.2 and 7.5.2 


TSS reference: 


SIP-ISUP/SS/COL/ 


SIP selection 
criteria: 


PICS 5/22 AND NOT PICS 13/1 


ISUP selection 
criteria: 




Test purpose: 


Connected number national, presentation allowed, additional connected number received 
Ensure that the SUT, on receipt of an ANM message with a 
Connected number parameter coded 

Address presentation restricted parameter = presentation allowed 

Nature of address indicator = national number 

Numbering plan indicator = ISDN/Telephony numbering plan 

Screening indicator = Network provided 

Address signals In the format: NDC+SN 

Generic number parameter, 

Number Qualifier Indicator "Additional connected number" 

Address presentation restricted parameter = presentation allowed 

Nature of address indicator = national number 

Numbering plan Indicator = ISDN/Telephony numbering plan 

Screening Indicator = user provided, not verified 

Address signals = PIXIT NDC+SN 




sends a 200 OK INVITE to the UAC with a 






P-Asserted-ldentity header field containing a URI with an Identity in the format "+" CC+ 
NDC+ SN has been received and Add CC (of the country where the MGCF Is located) to 
Connected PN address signals to construct E.I 64 number In URI. Prefix number with 

"+". 




The additional connected number Is not Interworked 


SIP Parameter 
values: 


200 OK INVITE: P-Asserted-ldentlty header field Tel URL containing an URI In the format 
"+"CC+NDC+SN 


ISUP Parameter 
values: 


ANM; 

Connected number parameter 

Address presentation restricted parameter = 'OO'B 
Nature of address indicator = '000001 1'B 
Numbering plan indicator = '001 'B 
Screening indicator = Network provided 
Address signals = PIXIT 
Generic number parameter 
Number Qualifier Indicator "000001 01 "B 
Address presentation restricted parameter = 'OO'B 
Nature of address indicator = '000001 1'B 
Numbering plan indicator = '001 'B 
Screening indicator = 'OO'B 
Address signals = PIXIT 


Comments: 


SIP MGCF ISUP 

INVITE ^ ^ lAM 
180 Ringing «■ «■ ACM 
200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 
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ISUP reference: 
[14] clauses 7.4.2.2 and 7.5.2 


TSS reference: 


SIP-ISUP/SS/COL/ 


SIP selection 
criteria: 


PICS 5/22 AND NOT PICS 13/1 


ISUP selection 
criteria: 




Test purpose: 


Connected number international, presentation aliowed, additional connected number 
received 

Ensure that the SUT, on receipt of an ANM message with a 
Connected number parameter coded 

Address presentation restricted parameter = presentation allowed 
Nature of address indicator = international number 
Numbering plan indicator = ISDN/Telephony numbering plan 
Screening indicator = Network provided 
Auoress signals in tne tormat. riAi i l>u+nuu+on 

Generic number parameter, 

Number Qualifier Indicator "Additional connected number" 
Address presentation restricted parameter = presentation allowed 
Nature of address indicator = international number 
Numbering plan indicator = ISDN/Telephony numbering plan 
Screening indicator = user provided, not verified 
Address signals = CC+NDC+SN 




sends a 200 OK INVITE to the UAC with a 






P-Asserted-ldentity header field containing a URI with an identity in the format "+" CC+ 
NDC+ SN has been received and the 

The additional connected number is not interworked 


SIP Parameter 
values: 


200 OK INVITE: P-Asserted-ldentity header field Tel URL containing an URI in the format 
"+"CC+NDC+SN 


ISUP Parameter 
values: 


ANM; 

Connected number parameter 

Address presentation restricted parameter = 'OO'B 
Nature of address indicator = "00001 OO'B 
Numbering plan indicator = '001 'B 
Screening indicator = Network provided 
Address signals = PIXIT 
Generic number parameter 
Number Qualifier Indicator "000001 01 "B 
Address presentation restricted parameter = 'OO'B 
Nature of address indicator = '00001 OO'B 
Numbering plan indicator = '001 'B 
Screening indicator = 'OO'B 
Address signals = PIXIT 


Comments: 


SIP MGCF ISUP 

INVITE ^ ^ lAM 
180 Ringing «■ «■ ACM 
200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 
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ISUP reference: 
[14] clauses 7.4.2 and 7.5.2 


TSS reference: 


SIP-ISUP/SS/COL/ 


SIP selection 
criteria: 


PICS 5/22 AND NOT PICS 13/1 


ISUP selection 
criteria: 




Test purpose: 


Connected number national, presentation restricted, no additional connected number 
received 

Ensure that the SUT, on receipt of an ANM message with a 
Connected number parameter coded 

Address presentation restricted parameter = presentation restricted 

Nature of address indicator = national number 

Numbering plan indicator = ISDN/Telephony numbering plan 

Screening indicator = Networl< provided 

Address signals in the format: PIXIT NDC+SN 




and without the Generic number parameter, 






sends a 200 OK INVITE to the UAC with a 






P-Asserted-ldentity header field containing a URI with an identity in the format "+" CC+ 

NDC+ SN has been received and Add CC (of the country where the MGCF is located) to 
Connected PN address signals to construct E.164 number in URI. Prefix number with 
"+". 




a Privacy header is inserted with the value "id" or the value "id" is added to a existence 
Privacy header 


SIP Parameter 
values: 


200 OK INVITE: P-Asserted-ldentity header field Tel URL containing an URI in the format 
"+"CC+NDC+SN 


ISUP Parameter 
values: 


ANM; 

Connected number parameter 

Address presentation restricted parameter = '01 'B 

Nature of address indicator = '000001 1 'B 

Numbering plan indicator = '001 'B 

Screening indicator = Network provided 

Address signals = PIXIT 

Generic number parameter not present 


Comments: 


SIP MGCF ISUP 
INVITE ^ ^ lAM 
180 Ringing «■ ACM 
200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 
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ISUP reference: 
[14] clauses 7.4.2 and 7.5.2 


TSS reference: 


SIP-ISUP/SS/COL/ 


SIP selection 
criteria: 


PICS 5/22 AND NOT PICS 13/1 


ISUP selection 
criteria: 




Test purpose: 


Connected number international, presentation restricted, no additional connected number 
received 

Ensure that the SUT, on receipt of an ANM message with a 
Connected number parameter coded 

Address presentation restricted parameter = presentation restricted 

Nature of address indicator = international number 

Numbering plan indicator = ISDN/Telephony numbering plan 

Screening Indicator = Network provided 

Address signals In the format: PIXIT CC+NDC+SN 




and without the Generic number parameter, 






sends a 200 OK INVITE to the UAC with a 






P-Asserted-ldentity header field containing a URI with an Identity In the format "+" CC+ 
NDC+ SN has been received and the 

a Privacy header Is Inserted with the value "Id" or the value "Id" Is added to a existence 

Privacy header 


SIP Parameter 
values: 


200 OK INVITE: P-Asserted-ldentlty header field Tel URL containing an URI In the format 
"+"CC+NDC+SN 


ISUP Parameter 
values: 


ANM; 

Connected number parameter 

Address presentation restricted parameter = '01 'B 

Nature of address indicator = 00001 OO'B 

Numbering plan Indicator = '001 'B 

Screening indicator = Network provided 

Address signals = PIXIT 

Generic number parameter not present 


Comments: 


SIP MGCF ISUP 

INVITE ^ ^ lAM 
180 Ringing «■ «■ ACM 
200 OK INVITE «■ «■ ANM 
ACK 

Conversation 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 
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ISUP reference: 
[14] clauses 7.4.2 and 7.5.2 


TSS reference: 


SIP-ISUP/SS/COL/ 


SIP selection 
criteria: 


PICS 5/22 AND NOT PICS 13/1 


ISUP selection 
criteria: 




Test purpose: 


Connected number national, presentation restricted, additional connected number received 
Ensure that the SUT, on receipt of an ANM message with a 
Connected number parameter coded 

Address presentation restricted parameter = presentation restricted 

Nature of address indicator = national number 

Numbering plan indicator = ISDN/Telephony numbering plan 

Screening indicator = Network provided 

Auoress signals in tne tormat. kiai i nuu+cjn 

Generic number parameter, 

Number Qualifier Indicator "Additional connected number" 

Address presentation restricted parameter = presentation restricted 

Nature of address indicator = national number 

Numbering plan indicator = ISDN/Telephony numbering plan 

Screening indicator = user provided, not verified 

Address signals = NDC+SN 




sends a 200 OK INVITE to the UAC with a 






P-Asserted-ldentity header field containing a URI with an identity in the format "+" CC+ 
NDC+ SN has been received and Add CC (of the country where the MGCF is located) to 
Connected PN address signals to construct E.I 64 number in URI. Prefix number with 
"+". 




a Privacy header is inserted with the value "id" or the value "id" is added to a existence 
Privacy header 

The additional connected number is not interworked 


SIP Parameter 

values: 


200 OK INVITE: P-Asserted-ldentity header field Tel URL containing an URI in the format 
"+"CC+NDC+SN 


ISUP Parameter 
values: 


ANM; 

Connected number parameter 

Address presentation restricted parameter = '01 'B 
Nature of address indicator = '000001 1'B 
Numbering plan indicator = '001 'B 
Screening indicator = Network provided 
Address signals = PIXIT 
Generic number parameter 
Number Qualifier Indicator "000001 01 "B 
Address presentation restricted parameter = '01 'B 
Nature of address indicator = '000001 1'B 
Numbering plan indicator = '001 'B 
Screening indicator = 'OO'B 
Address signals = PIXIT 


Comments: 


SIP MGCF ISUP 

INVITE ^ ^ lAM 
180 Ringing «■ ACM 
200 OK INVITE «■ «■ ANM 
ACK 

Conversation 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 
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ISUP reference: 
[14] clauses 7.4.2 and 7.5.2 


TSS reference: 


SIP-ISUP/SS/COL/ 


SIP selection 
criteria: 


PIGS 5/22 AND NOT PIGS 13/1 


ISUP selection 
criteria: 




Test purpose: 


Connected number international, presentation restricted, additional connected number 
received 

Ensure that the SUT, on receipt of an ANM message with a 
Connected number parameter coded 

Address presentation restricted parameter = presentation restricted 

Nature of address indicator = international number 

Numbering plan indicator = ISDN/Telephony numbering plan 

Screening indicator = Network provided 

Auoress signals in tne tormat. riAi i l>u+nuu+on 

Generic number parameter, 

Number Qualifier Indicator "Additional connected number" 
Address presentation restricted parameter = presentation restricted 
Nature of address indicator = international number 
Numbering plan indicator = ISDN/Telephony numbering plan 
Screening indicator = user provided, not verified 
Address signals = CC+NDC+SN 




sends a 200 OK INVITE to the UAC with a 






P-Asserted-ldentity header field containing a URI with an identity in the format "+" GG+ 
NDG+ SN has been received and the 

a Privacy header is inserted with the value "id" or the value "id" is added to a existence 

Privacy header 

The additional connected number is not interworked 


SIP Parameter 
values: 


200 OK INVITE: P-Asserted-ldentity header field Tel URL containing an URI in the format 
"+"CC+NDC+SN 


ISUP Parameter 
values: 


ANM; 

Connected number parameter 

Address presentation restricted parameter = '01 'B 
Nature of address indicator = "00001 OO'B 
Numbering plan indicator = '001 'B 
Screening indicator = Network provided 
Address signals = PIXIT 
Generic number parameter 
Number Qualifier Indicator "000001 01 "B 
Address presentation restricted parameter = '001 B 
Nature of address indicator = '00001 OO'B 
Numbering plan indicator = '001 'B 
Screening indicator = 'OO'B 
Address signals = PIXIT 


Comments: 


SIP MGCF ISUP 
INVITE ^ ^ lAM 
180 Ringing «■ «■ AGM 
200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE ■» ■» REL 

200 OK BYE «■ «■ RLC 



Values for test purposes TP102006-TP1 02009 


VA 01 


ISUP_SI = user provided verified and passed, '01 'B 


VA 02 


ISUP_SI = network provided, '1 1'B 
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ISUP reference: 
[14] clauses 7.4.2 and 7.5.2 


TSS reference: 


SIP-ISUP/SS/COL/ 


SIP selection 
criteria: 


PICS 5/22 AND PICS 13/1 


ISUP selection 
criteria: 




Test purpose: 


lAM connected line request indication is sent 

Ensure that a optional fonward call indicator value Connected line identity request indicator is 
set to "requested" is contained In the sent lAM if an INVITE request is received containing a 
Supported header equal to "fronn-change". 


SIP Parameter 
values: 


INVITE: Supported: "from-change" 


ISUP Parameter 

values: 


lAM: oFCi Connected line identity request indicator is set to "requested" 


Comments: 


SIP MGCF ISUP 

INVITE ^ ^ lAM 
180 Ringing <■ «■ ACM 
200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 
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ISUP reference: 
[14] clauses 7.4.2 and 7.5.2 


TSS reference: 


SIP-ISUP/SS/COL/ 


SIP selection 


PICS 5/22 AND PICS 13/1 




criteria: 






ISUP selection 






criteria: 






Test purpose: 


Additional connected number national, presentation allowed in ANM is received 

Ensure that if a ANM is received and a Additional connected number "national number", 
"prestentation allowed" is included thien a 200 OK INVITE is sent and tiie Supported header 




contains the "from-change" tag. 




SIP Parameter 
values: 


200 OK INVITE: Supported: "from-change" 

P-Asserted-ldentity derived from the Connected number 
UPDATE: From header contains the Generic number in the format "+"CC+NDC+SN 


ISUP Parameter 
values: 


lAM: oFCi Connected line identity request indicator is set to "requested" 
ANM: 




Additional connected number 






Number Qualifier Indicator "000001 01 "B 






Address presentation restricted parameter = presentation allowed 
Nature of address indicator = national number 




Numbering plan indicator = ISDN/Telephony numbering plan 
Screening indicator = user provided, not verified 
Address signals = PIXIT 
Connected number parameter 




Address presentation restricted parameter = presentation allowed 
Nature of address indicator = national number 




Numbering plan indicator = ISDN/Telephony numbering plan 
Screening indicator = Network provided 
Address signals = PIXIT 




SIP MGCF ISUP 




INVITE ^ 


^ lAM 




180 Ringing «■ 
200 OK INVITE «■ 


«■ ACM 
«■ ANM 




ACK ^ 






UPDATE «■ 






200 OK UPDATE 






Conversation 




BYE ^ 


^ REL 




200 OK BYE «■ 


«■ RLC 
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ISUP reference: 
[14] clauses 7.4.2 and 7.5.2 


TSS reference: 


SIP-ISUP/SS/COL/ 


SIP selection 


PICS 5/22 AND PICS 13/1 




criteria: 






ISUP selection 






criteria: 






Test purpose: 


Additional connected number international, presentation allowed in ANM is received 

Ensure that If a ANM Is received and a Additional connected number "International number" 
"prestentation allowed" is Included then a 200 OK INVITE Is sent and the Supported header 




contains the "from-change" tag. 




SIP Parameter 
values: 


200 OK INVITE: Supported: "from-change" 

P-Asserted-ldentity derived from the Connected number 
UPDATE: From header contains the Generic number In the format "+"CC+NDC+SN 


ISUP Parameter 
values: 


lAM: oFCI Connected line Identity request Indicator Is set to "requested" 
ANM: 




Additional connected number 






Number Qualifier Indicator "000001 01 "B 






Address presentation restricted parameter = presentation allowed 
Nature of address Indicator = International number 




Numbering plan Indicator = ISDN/Telephony numbering plan 
Screening Indicator = user provided, not verified 
Address signals = PIXIT 
Connected number parameter 




Address presentation restricted parameter = presentation allowed 
Nature of address indicator = international number 




Numbering plan Indicator = ISDN/Telephony numbering plan 
Screening Indicator = Network provided 
Address signals = PIXIT 




SIP MGCF ISUP 




INVITE ^ 


^ lAM 




180 Ringing «■ 
200 OK INVITE «■ 


«■ ACM 
«■ ANM 




ACK ^ 






UPDATE «■ 






200 OK UPDATE 






Conversation 




BYE ^ 


^ REL 




200 OK BYE «■ 


«■ RLC 
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ISUP reference: 
[14] clauses 7.4.2 and 7.5.2 


TSS reference: 


SIP-ISUP/SS/COL/ 


SIP selection 


PICS 5/22 AND PICS 13/1 




criteria: 






ISUP selection 






criteria: 






Test purpose: 


Additional connected number national, presentation restricted in ANM is received 

Ensure that If a ANM Is received and a Additional connected number "national number" 
"prestentation restricted" is included then a 200 OK INVITE Is sent and the Supported 




header contains the "from-change" tag. 




SIP Parameter 
values: 


200 OK INVITE: Supported: "from-change" 

P-Asserted- Identity derived from the Connected number in the format 

"+"CC+NDC+SN Privacy: id 
UPDATE: From header contains the Generic number in the format "+"CC+NDC+SN 




Privacy: header 




ISUP Parameter 
values: 


lAM: oFCI Connected line Identity request Indicator Is set to "requested" 
ANIVI: 




Additional connected number 






Number Qualifier Indicator "000001 01 "B 






Address presentation restricted parameter = presentation restricted 
Nature of address Indicator = national number 




Numbering plan Indicator = ISDN/Telephony numbering plan 
Screening indicator = user provided, not verified 
Address signals = PIXIT 
Connected number parameter 

Address presentation restricted parameter = presentation restricted 
Nature of address Indicator = national number 




Numbering plan Indicator = ISDN/Telephony numbering plan 
Screening indicator = Networi< provided 
Address signals = PIXIT 




SIP MGCF ISUP 




INVITE ^ 


^ lAM 




180 Ringing «■ 


«■ ACM 




200 OK INVITE «■ 


«■ ANM 




ACK ^ 






UPDATE «■ 






200 OK UPDATE ^ 






Conversation 




BYE ^ 


^ REL 




200 OK BYE «■ 


«■ RLC 
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ISUP reference: 
[14] clauses 7.4.2 and 7.5.2 


TSS reference: 


SIP-ISUP/SS/COL/ 


SIP selection 


PICS 5/22 AND PICS 13/1 




criteria: 






ISUP selection 






criteria: 






Test purpose: 


Additional connected number international, presentation restricted in ANM is received 

Ensure that If a ANM Is received and a Additional connected number "International number" 
"prestentation restrlcted'ls Included then a 200 OK INVITE Is sent and the Supported header 




contains the "from-change" tag. 




SIP Parameter 
values: 


200 OK INVITE: Supported: "from-change" 

P-Asserted- Identity derived from the Connected number in the format 

"+"CC+NDC+SN Privacy: id 
UPDATE: From header contains the Generic number in the format "+"CC+NDC+SN 




Privacy: header 




ISUP Parameter 
values: 


lAM: oFCI Connected line Identity request Indicator Is set to "requested" 
ANIVI: 




Additional connected number 






Number Qualifier Indicator "000001 01 "B 






Address presentation restricted parameter = presentation restricted 
Nature of address Indicator = International number 




Numbering plan Indicator = ISDN/Telephony numbering plan 
Screening indicator = user provided, not verified 
Address signals = PIXIT 
Connected number parameter 

Address presentation restricted parameter = presentation restricted 
Nature of address Indicator = International number 




Numbering plan indicator = ISDN/Telephony numbering plan 
Screening indicator = Networl< provided 
Address signals = PIXIT 




SIP MGCF ISUP 




INVITE ^ 


^ lAM 




180 Ringing «■ 


«■ ACM 




200 OK INVITE «■ 


«■ ANM 




ACK ^ 






UPDATE «■ 






200 OK UPDATE ^ 






Conversation 




BYE ^ 


^ REL 




200 OK BYE «■ 


«■ RLC 
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6.3.1 .7 Malicious call identification MCID 



TP507001 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.4.4 


TSS reference: 


SIP-ISUP/SS/MGID/ 


SIP selection 
criteria: 


PICS 9/1 


ISUP selection 
criteria: 




Test purpose: 


No interworking MGCF sends IRS 

Ensure that the SUT if an IDR is received returns an IRS message. The MCID response 
indicator is set to "MCID not included". The SIP signalling procedure is not disrupted. 


SIP Parameter 
values: 


No influence 


ISUP Parameter 
values: 


IDR: MCID requested 
IRS: MCID not included 


Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 

«■ IDR 
^ IRS 

180 Ringing «■ «■ ACM 
Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE «■ «■ REL 
200 OK BYE ^ ^ RLC 




TP507002 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.4.4 


TSS reference: 


SIP-ISUP/SS/MCID/ 


SIP selection 
criteria: 


NOT PICS 9/1 


ISUP selection 
criteria: 




Test purpose: 


No interworking timeout T39 

Ensure that the SUT if an IDR is received, no IDR is sent. The SIP signalling procedure is 
not disrupted. 


SIP Parameter 
values: 


No influence 


ISUP Parameter 
values: 


IDR: MCID requested 


Comments: 


SIP SUT ISUP 
INVITE ^ ^ lAM 

«■ IDR 

T39 timeout 

180 Ringing «■ «■ ACM 
Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE «■ «■ REL 

200 OK BYE ^ ^ RLC 
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6.3.1.8 Sub-addressing (SUB) 



TP508001 


SUB Reference: 
ES 283 027 [1], clause 7.4.5 


Selection criteria: 
PICS 5/8 


TSS reference: 


SIP-ISUP/SS/SUB/ 


Preconditions: 




Test purpose: 


The isub parameter of the P-Asserted-ldentity header in an INVITE Is mapped In the 
calling party subaddress in the lAM 

Ensure that the isub parameter in the P-Asserted-ldentity header of the received INVITE Is 
interworked In the Calling party subaddress contained In an ATP parameter In the sent 
lAIVI. 

The Type of Subbaddress is set set to "0 0" "NSAP (ITU-T Recommendation X.213 [29] 
and ISO/IEC 8348 [30] Add.2)" 


SIP Parameter 
values: 


INVITE: 

P-Asserted-ldentity: sip: user part; lsub=<subaddress>@hostportlon 


ISUP Parameter 
values: 


lAM: ATP(Calling party subaddress) 




SIP MGCF ISUP 
INVITE ^ ^ lAM 
100 Trying «■ 
180 Ringing «■ «■ ACM 
200 OK INVITE «■ «■ ANM 
ACK ^ 

Communication 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 



TP508002 


SUB Reference: 
ES 283 027 [1], clause 7.4.5 


Selection criteria: 

PICS 5/8 


TSS reference: 


SIP-ISUP/SS/SUB/ 


Preconditions: 




Test purpose: 


The isub parameter of the Request URI in an INVITE is mapped in the called party 
subaddress in the lAI^ 

Ensure that the isub parameter in the Request URI of the received INVITE is interworl<ed 
is the Called party subaddress contained in an ATP parameter in the sent lAM. 
The Type of Subbaddress is set set t "0 0" "NSAP (ITU-T Recommendation X.213 [29] 
and ISO/IEC 8348 [30] Add.2)" 


SIP Parameter 
values: 


INVITE: sip: user part; lsub=<subaddress>@hostportlon 


ISUP Parameter 
values: 


lAM: ATP(Called party subaddress) 


Comments: 


SIP MGCF ISUP 

INVITE ^ ^ lAM 
100 Trying «■ 
180 Ringing «■ «■ ACM 
200 OK INVITE «■ «■ ANM 
ACK ^ 

Communication 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 
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TP508003 


SUB Reference: 
ES 283 027 [1], clause 7.4.5 


Selection criteria: 
PICS 5/8 


TSS reference: 


SIP-ISUP/SS/SUB/ 


Preconditions: 




Test purpose: 


The connected subaddress in the ANM is mapped in the isub parameter of the P-Asserted- 
Identity header in the 200 OK INVITE 

Ensure that the isub parameter in the P-Asserted-ldentity header of the received 200 OK 
INVITE is interworl<ed in the connected subaddress contained in an ATP parameter in the 
sent ANM. 

The Type of Subbaddress Is set set to "0 0" "NSAP (ITU-T Recommendation X.213 [29] 
and ISO/IEC 8348 [30] Add.2)" 


SIP Parameter 
values: 


200 OK INVITE: 

P-Asserted-ldentity: sip: user part; isub=<subaddress>@hostportion 


ISUP Parameter 
values: 


lAM: oFCi: connected line request 
ANM: ATP(Connected subaddress) 




SIP 

INVITE ^ 
100 Trying «■ 
180 Ringing «■ 
200 OK INVITE «■ 
ACK ^ 


MGCF ISUP 
^ lAM 

«■ ACM 
«■ ANM 




Communication 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 



6.3.1.9 Call diversion (CDIV) 



TP509001 


SIP reference: RFC 3261 [6] ISUP reference: 

ES 283 027 [1], clause 7.4.6 


TSS reference: 


SIP-ISUP/SS/CDIV/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


OBCI "call diversion may occur" in ACM received no mapping 

Ensure that the BUT If an ACM Is received with and call diversion may occur Indicator In 
the optional backward call indicator is set to "call diversion may occur", the SIP signalling 
procedure Is not disrupted (CDa, CFNR). 


SIP Parameter 
values: 


No mapping 


ISUP Parameter 
values: 


ACM optional backward call Indicator call diversion may occur 


Comments: 


SIP SUT ISUP 

INVITE ^ ^ lAM 

«■ ACM 

180 Ringing «■ «■ CPG 

Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE «■ «■ REL 

200 OK BYE RLC 
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TroOaOUZ 


SIP reference: RFC 3261 [6] 


ISUP reference: 






ES 283 027 [1], clause 7.4.6 


TSS reference: 


SIP-ISUP/SS/CDIV/ 


SIP selection 


NOT PICS 5/12 AND NOT PICS 5/13 AND NOT PICS 5/14 AND NOT PICS 5/15 


criteria: 






ISUP selection 






criteria: 






Test purpose: 


BCI called party status "no indication" in ACM received no mapping 




Ensure that the SUT if a ACM is received called party status indicator "no indication" and 




containing a Redirection number, call diversion information, redirection number 




restriction and generic notification set to "Call Is diverting", the SIP signalling 




procedure is not disrupted (CPU, CFB, Cdi). 






No mapping 




values' 






ii^wr rciiciiiidd 


ACM: Redirection number, Call diversion information. Redirection number restriction. 


valiiPQ' 


Generic notification 




V 1 1 1 1 1 Id 1 1 w ■ 


SIP SUT ISUP 




INVITE ^ 


^ lAM 






«■ ACM 




180 Ringing «■ 


«■ CPG 




Ringing tone 




200 OK INVITE «■ 


«■ ANM 




ACK ^ 






Conversation 




BYE «■ 


«■ REL 




200 OK BYE ^ 


RLC 




TP509003 


SIP reference: RFC 3261 [6] 


ISUP reference: 






ES 283 027 [1], clause 7.4.6 


TSS reference: 


SIP-ISUP/SS/CDIV/ 


SIP selection 


NOT PICS 5/12 AND NOT PICS 5/13 AND NOT PICS 5/14 AND NOT PICS 5/15 


criteria: 






ISUP selection 






criteria: 






Test purpose: 


CPG PROGRESS with Redirection number, Call diversion information and Generic 




notification received, no mapping 






Ensure that the SUT if a CPG is received containing a Redirection number, call 




diversion information, redirection number restriction and generic notification set to 




"Call Is diverting", the SIP signalling procedure is not disrupted (CDa, CFNR, subsequent 




redirection). 




SIP Parameter 


No mapping 




values: 






ISUP Parameter 


ACIVl: Galled party status "Subscriber free" 




values: 


CPG: Redirection number, Call diversion information, Generic notification 


Comments: 


SIP SUT ISUP 




INVITE ^ 


^ lAM 






«■ ACM 




180 Ringing «■ 


«■ CPG 




Ringing tone 




200 OK INVITE «■ 


«■ ANM 




ACK ^ 






Conversation 




BYE «■ 


«■ REL 




200 OK BYE ^ 


RLC 
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Tr5090u4 


sir reterence: Kro ozoi [oj loUr reterence: 

ES 283 027 [1], clause 7.4.6 


TSS reference: 


SIP-ISUP/SS/CDIV/ 


SIP selection 
criteria: 


NOT PIGS 5/12 AND NOT PIGS 5/13 AND NOT PIGS 5/14 AND NOT PIGS 5/15 


ISUP selection 
criteria: 




Test purpose: 


Redirection number restriction received in ANM no mapping 

Ensure that the SUT if an ANM is received with redirection number restriction 
parameter, the SIP signalling procedure is not disrupted. 


SIP Parameter 

values: 


No mapping 


ISUP Parameter 
values: 


ANM: Redirection number restriction 


Comments: 


SIP SUT ISUP 

INVITE lAM 

«■ AGM 

180 Ringing GPG 

Ringing tone 

200 OK INVITE «■ «■ ANM 
AGK ^ 

Conversation 

BYE «■ «■ REL 

200 OK BYE RLC 



TP509005 


SIP reference: RFC 3261 [6] ISUP reference: 

ES 283 027 [1], clause 7.5.4 


TSS reference: 


SIP-ISUP/SS/GDIV/ 


SIP selection 
criteria: 


PIGS 10/7 


ISUP selection 
criteria: 




Test purpose: 


BCI called party status "no indication" in ACM received, mapping of Redirection reason. 

Ensure that the SUT, on receipt of an ACM message indicating a first diversion with the 

Backward call indicators parameter coded 

Galled party's status indicator = no indication 

the Call diversion information parameter coded 

Notification subscription option = "010"B 

Redirection reason = ISUP_REASON 

and the Generic notification indicator parameter coded 

Notification indicator = call is diverting. 

Redirection number (PIXIT) received. 

A 181 Being Forwarded is sent. The Redirection number included in the AGM is mapped 
into the History-Info header in the 181 Being Fonwarded. A Privacy header field "history" is 
escaped in the URI identified the diverted to user. The redirection reason is mapped into 
the cause-param in of the hi-targeted-uri identifying the diverted-to user. 


SIP Parameter 
values: 


181 Being Forwarded: History-Info: 
hi-targeted-to-uri served user; index=1 , 

hi-targeted-ti uri diverted to user; cause=Status-Code; ?Privacy=history; index=1.1 


ISUP Parameter 
values: 




Comments: 


SIP SUT ISUP 

INVITE ^ ^ lAM 

181 Being Forwarded «■ «■ ACM 

180 Ringing «■ «■ CPG(Alerting) 

200 OK INVITE «■ «■ ANM 

ACK ^ 

Communication 
BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 
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Dsrivod valus of parameter 
Tieiu 


SIP component 


Value 


Call diversion information 






History-Info header 


Redirection reason 


ICI ID DCAC/^M 


Cause Value in History 


Cause value 




unknown 'OOOO'B 


Index; cause-param = 


404 




Unconaitional 0011 B 


cause tLijUML oiaius- 


302 




User Busy '0001 'B 


uoue 


486 




No reply uui B 




4Uo 




Deflection during alerting 
'0100'B 




487 




Deflection immediate 




480 




response '0101'B 








Mobile subscriber not 




503 




reachable 







TP509006 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.5.4 


TSS reference: 


SIP-ISUP/SS/GDIV/ 


SIP selection 
criteria: 


PIGS 5/12 AND PICS 5/13 AND PICS 5/14 AND PICS 5/15 


ISUP selection 
criteria: 




Test purpose: 


BCI called party status "subscriber free" in ACM received, mapping of Redirection reason. 

Ensure that the SUT on receipt of an ACM message indicating a first diversion with the 

Backward call indicators parameter coded 

Called party's status indicator = subscriber free 

the Call diversion information parameter coded 

Notification subscription option = "010"B 

Redirection reason = ISUP_REASON 

and the Generic notification indicator parameter coded 

Notification indicator = call is diverting, 

Redirection number (PIXIT) received 

A 180 Ringing is sent. The Redirection number included in the ACM is mapped into the 
History-Info header in the 180 Ringing. A Privacy header field "history" is escaped in the 
URl identified the diverted to user. The redirection reason is mapped into the cause-param 
in of the hi-targeted-uri identifying the diverted-to user. 


SIP Parameter 
values: 


180 Ringing: History-Info: 
hi-targeted-to-uri served user; index=1 , 

hi-targeted-ti uri diverted to user; cause=Status-Code; ?Privacy=history; index=1.1 


ISUP Parameter 
values: 




Comments: 


SIP SUT ISUP 

INVITE ^ ^ lAM 
180 Ringing «■ «■ ACM 
200 OK INVITE «■ «■ ANM 
ACK ^ 

Communication 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 
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loUr rarameTSi 


Dsrivod valus of parameter 
Tieiu 


SIP component 


Value 


Call diversion information 






hHistory-info header 


Redirection reason 


ICI ID DCAC/^M 


Cause Value in History 


Cause value 




unknown 'OOOO'B 


Index; cause-param = 


404 




Unconditional 0011 B 


'Voiica" POIIAI Cfotiie 

cause tLijUML oiaius- 


302 




User Busy '0001 'B 


uoue 


486 




No reply uui B 




4Uo 




Deflection during alerting 
'0100'B 




487 




Deflection immediate 




480 




response '0101'B 








Mobile subscriber not 




503 




reachable 







TP509007 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.5.4 


TSS reference: 


SIP-ISUP/SS/GDIV/ 


SIP selection 
criteria: 


PIGS 5/12 AND PICS 5/13 AND PICS 5/14 AND PICS 5/15 


ISUP selection 
criteria: 




Test purpose: 


CPG with Event indicator ALERTING received, mapping of Redirection reason. 

Ensure that the SUT, on receipt of a CPG message indicating a first diversion with the 

Event information parameter coded 

event indicator = ALtK 1 IN(j, 

the Call diversion information parameter coded 

Notification subscription option = "010"B 

Redirection reason = ISUP_REASON 

and the Generic notification indicator parameter coded 

Notification indicator = call is diverting, 

Redirection number (PIXIT) received. 

A 180 Ringing is sent. The Redirection number included in the CPG is mapped into the 
History-Info header in the 180 Ringing. A Privacy header field "history" is escaped in the 
URI identified the diverted to user. The redirection reason is mapped into the cause-param 
in of the hi-targeted-uri identifying the diverted-to user. 


SIP Parameter 
values: 


180 Ringing: History-Info: 
hi-targeted-to-uri served user; index=1 , 

hi-targeted-ti uri diverted to user; cause=Status-Code; ?Privacy=history; index=1.1 


ISUP Parameter 
values: 




Comments: 


SIP SUT ISUP 

INVITE ^ ^ lAM 

ACM(no indication) 
180 Ringing «■ «■ CPG 
200 OK INVITE «■ «■ ANM 
ACK ^ 

Communication 
BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 
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loUr rarameTSi 


Derived vaiue of parameter 
Tieiu 


SIP component 


Vaiue 


Call diversion information 






History-Info lieader 


Redirection reason 


ICI ID DCAC/^M 


Cause Value in History 


Cause value 




unknown 'OOOO'B 


Index; cause-param = 


404 




Unconaitional 0011 B 


cause tLijUML oiaius- 


302 




User Busy '0001 'B 


uoue 


486 




No reply uui B 




4Uo 




Deflection during alerting 
'0100'B 




487 




Deflection immediate 




480 




response '0101'B 








IVlobile subscriber not 




503 




reachable 







TP509008 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.5.4 


TSS reference: 


SIP-ISUP/SS/CDIV/ 


SIP selection 
criteria: 


PIGS 5/12 AND PICS 5/13 AND PICS 5/14 AND PICS 5/15 


ISUP selection 
criteria: 




Test purpose: 


CPG with Event indicator PROGRESS received, mapping of Redirection reason. 

Ensure that the SUT, on receipt of a CPG message indicating a first diversion with the 

Event information parameter coded 

event indicator = rHUvjKtbo, 

the Call diversion information parameter coded 

Notification subscription option = "010"B 

Redirection reason = ISUP_REASON 

and the Generic notification indicator parameter coded 

Notification indicator = call is diverting, 

Redirection number (PIXIT) received 

A 181 Being Forwarded is sent. The Redirection number included in the CPG is mapped 
into the History-Info header in the 181 Being Forwarded. A Privacy header field "history" is 
escaped in the URI identified the diverted to user. The redirection reason is mapped into 
the cause-param in of the hi-targeted-uri identifying the diverted-to user. 


SIP Parameter 
values: 


181 Being Forwarded: History-Info: 
hi-targeted-to-uri served user; index=1 , 

hi-targeted-ti uri diverted to user; cause=Status-Code; ?Privacy=history; index=1.1 


ISUP Parameter 
values: 




Comments: 


SIP SUT ISUP 

INVITE ^ ^ lAM 

180 Ringing «■ «■ ACM 

181 Being Forwarded «■ «■ CPG 
200 OK INVITE «■ «■ ANM 
ACK ^ 

Communication 
BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 
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loUr rarameTSi 


Derived vaius of parameter 
Tieiu 


SIP component 


Vaiue 


Call diversion information 






History-Info iieader 


Redirection reason 


ICI ID DCAC/^M 


Cause Value in History 


Cause value 




unknown 'OOOO'B 


Index; cause-param = 


404 




Unconaitional 0011 B 


cause tLijUML oiaius- 


302 




User Busy '0001 'B 


uoue 


486 




No reply uui B 




4Uo 




Deflection during alerting 
'0100'B 




487 




Deflection immediate 




480 




response '0101'B 








IVlobile subscriber not 




503 




reacliable 







TP509009 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.5.4 


TSS reference: 


SIP-ISUP/SS/CDIV/ 


SIP selection 
criteria: 


PIGS 5/12 AND PICS 5/13 AND PICS 5/14 AND PICS 5/15 


ISUP selection 
criteria: 




Test purpose: 


BCI called party status "no indication" in ACM received, mapping of Notification 
subscription option. 

Ensure that the SUT, on receipt of an ACM message indicating a first diversion with the 

Backward call indicators parameter coded 

Galled party's status indicator = no indication 

the Call diversion information parameter coded 

Notification subscription option = ISUP_NSO 

Redirection reason = unconditional 

and the Generic notification indicator parameter coded 

Notification indicator = call is diverting, 

Redirection number (PIXIT) received. 

A 181 Being Forwarded is sent. The Redirection number included in the AGIVl is mapped 
into the History-Info header in the 181 Being Forwarded. A Privacy header field "history" is 
escaped in the URI identified the diverted to user. 


SIP Parameter 
values: 


181 Being Forwarded: History-Info: 
hi-targeted-to-uri served user; index=1 , 

hi-targeted-ti uri diverted to user; cause=302; ?priv-value; index=1 .1 


ISUP Parameter 
values: 




Comments: 


SIP SUT ISUP 

INVITE ^ ^ lAM 

181 Being Forwarded <■ <■ ACM 

180 Ringing «■ «■ GPG(Alerting) 

200 OK INVITE «■ «■ ANM 

ACK ^ 

Communication 
BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 





SIP component 
History-Info header, 
priv-value component 


Call diversion information Notification 
subscription options 
ISUP_NSO 


VA_01 


Privacy header field absent or "none" 


ISUP_NSO = presentation allowed with 
redirection number 


VA_02 


Privacy "history" 


ISUP_NSO = presentation allowed without 
redirection number 
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SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.5.4 


TSS reference: 


SIP-ISUP/SS/CDIV/ 


SIP selection 
criteria: 


PICS 5/12 AND PICS 5/13 AND PICS 5/14 AND PICS 5/15 


ISUP selection 
criteria: 




Test purpose: 


BCI called party status "subscriber free" in ACM received, mapping of Notification 
subscription option. 

Ensure that the SUT on receipt of an ACM message Indicating a first diversion with the 

Bacl<ward call indicators parameter coded 

Called party's status indicator = subscriber free 

the Call diversion information parameter coded 

Notification subscription option = ISUP_NSO 

Redirection reason = unconditional 

and the Generic notification indicator parameter coded 

Notification indicator = call is diverting, 

Redirection number (PIXIT) received. 

A 180 Ringing is sent. The Redirection number included in the ACIVI is mapped into the 
History-Info header in the 180 Ringing. A Privacy header field "history" is escaped in the 
URI identified the diverted to user. 


SIP Parameter 
values: 


180 Ringing: History-Info: 
hi-targeted-to-uri served user; index=1 , 

hi-targeted-ti uri diverted to user; cause=302; ?priv-value; index=1 .1 


ISUP Parameter 
values: 


ANIVI: Redirection number restriction 


Comments: 


SIP SUT ISUP 

INVITE ^ ^ lAM 
180 Ringing «■ «■ ACIVI 
200 OK INVITE «■ «■ ANM 
ACK 

Communication 
BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 





SIP component 
History-Info header, 
priv-value component 


Call diversion information Notification 
subscription options 
ISUP_NSO 


VA_01 


Privacy header field absent or "none" 


1SUP_NS0 = presentation allowed with 
redirection number 


VA_02 


Privacy "history" 


ISUP_NSO = presentation allowed without 
redirection number 
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TroOSOl 1 


Sir reterence: Kro ozoi [oj loUr reterence: 

ES 283 027 [1], clause 7.5.4 


TSS reference: 


SIP-ISUP/SS/CDIV/ 


SIP selection 
criteria: 


PIGS 5/12 AND PICS 5/13 AND PICS 5/14 AND PICS 5/15 


ISUP selection 
criteria: 




Test purpose: 


CPG with Event indicator ALERTING received, mapping of Notification subscription option. 

Ensure that the SUT on receipt of a CPG message indicating a first diversion with the 

Event information parameter coded 

Event indicator = ALERTING, 

the Call diversion information parameter coded 

Notification subscription option = ISUP_NSO 

Redirection reason = unconditional 

and the Generic notification indicator parameter coded 

Notification indicator = call is diverting, 

Redirection number (PIXIT) received. 

A 180 Ringing is sent. The Redirection number included in the CPG is mapped into the 
History-Info header in the 180 Ringing. A Privacy header field "history" is escaped in the 
URI identified the diverted to user. 


SIP Parameter 

values: 


180 Ringing: History-Info: 

hi-targeted-to-uri served user; index=1, 

hi-targeted-ti uri diverted to user; cause=302; ?priv-value; index=1.1 


ISUP Parameter 
values: 




Comments: 


SIP SUT ISUP 

INVITE ^ ^ lAM 

«■ ACM 

180 Ringing «■ «■ CPG 
200 OK INVITE «■ «■ ANM 
ACK ^ 

Communication 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 





SIP component 
History-Info header, 
priv-value component 


Call diversion Information Notification 
subscription options 
ISUP_NSO 


VA_01 


Privacy header field absent or "none" 


ISUP_NSO = presentation allowed with 
redirection number 


VA_02 


Privacy "history" 


ISUP_NSO = presentation allowed without 
redirection number 
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SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.5.4 


TSS reference: 


SIP-ISUP/SS/CDIV/ 


SIP selection 
criteria: 


PICS 5/12 AND PICS 5/13 AND PICS 5/14 AND PICS 5/15 


ISUP selection 
criteria: 




Test purpose: 


CPG with Event indicator ALERTING received, mapping of Redirection number restriction. 

Ensure that the SUT on receipt of a CPG message indicating a first diversion with the 
Event information parameter coded 
Event indicator = ALERTING, 

Redirection number restriction parameter = ISUP_RDIR_RESTR 

A 180 Ringing including a History-Info header is sent. A Privacy header field "history" is 

escaped in the URI identified the diverted to user. 


SIP Parameter 
values: 


180 Ringing: History-Info: 
hi-targeted-to-uri served user; index=1 , 

hi-targeted-ti uri diverted to user; cause=302; ?priv-value; index=1 .1 


ISUP Parameter 
values: 


ANM: Redirection number restriction 


Comments: 


SIP SUT ISUP 

INVITE lAM 
181 Being Forwarded «■ «■ ACM 
180 Ringing «■ «■ CPG 
200 OK INVITE «■ «■ ANM 
ACK ^ 

Communication 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 





Derived escaped SIP priv-value 
component 


Derived value of parameter field 


VA 01 


Privacy header field absent or "none" 


ISUP_RDIR_RESTR = Presentation allowed, 'OO'B 


VA 02 


Privacy header field "history" and "id" 


ISUP RDIR RESTR = presentation restricted, '01 'B 


VA 03 


Privacy header field absent or "none" 


ISUP RDIR RESTR absent 
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SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.5.4 


TSS reference: 


SIP-ISUP/SS/GDIV/ 


SIP selection 
criteria: 


PICS 5/12 AND PICS 5/13 AND PICS 5/14 AND PICS 5/15 


ISUP selection 
criteria: 




Test purpose: 


ANM received, mapping of the Redirection number restriction parameter. 

Ensure that the SUT, on receipt of an ANM message with the 
Redirection number restriction parameter = ISUP_RDIR_RESTR or parameter absent, 
a 200 IK INVITE including a History-Info header is sent. A Privacy header field is escaped 
in the URI identified the diverted to user according the value of the Redirection number 

restriction parameter. 


SIP Parameter 
values: 


200 OK INVITE: History-Info: 

hi-targeted-to-uri served user; index=1, 

hi-targeted-ti uri diverted to user; cause=302; ?priv-value; index=1.1 


ISUP Parameter 
values: 


ANIVI: Redirection number restriction 


Comments: 


SIP SUT ISUP 

INVITE ^ ^ lAM 
181 Being Forwarded «■ «■ ACM 
180 Ringing «■ «■ CPG 
200 OK INVITE «■ «■ ANM 
ACK 

Communication 
BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 


Comments: 


SIP SUT ISUP 

INVITE ^ ^ lAM 
180 Ringing «■ «■ ACM 
200 OK INVITE «■ «■ ANM 
ACK 

Communication 
BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 





Derived escaped SIP component 


Derived value of parameter field 


VA 01 


Privacy header field absent or "none" 


ISUP_RDIR_RESTR = Presentation allowed, 'OO'B 


VA 02 


Privacy header field "history" and "id" 


ISUP_RDIR_RESTR = presentation restricted, '01 'B 


VA 03 


Privacy header field absent or "none" 


ISUP RDIR RESTR absent 



ETSI 



275 



ETSI TS 186 009-2 V2.1.1 (2009-03) 



1 r 5UiiU1 4 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.5.4 


TSS reference: 


SIP-ISUP/SS/CDIV/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 


NOT PICS 1/5 AND PICS 10/6 


Test purpose: 


CDIV performed, the first hi-targeted-to-uri is sent in thie original called number national 
number 

Ensure that the SUT in the Idle state Sends an INVITE message with Cause Value in 
History Index; cause-param = "cause" EQUAL Status-Code defined in the table, Privacy 
header field is absent and with the complete Original called number parameter 
contained in the URI of first Index entry of History-Info header in the format "-i-" CC NDC 
SN. 

of a lAM message with the Redirection information parameter coded 

Redirection counter = 1 

Redirecting reason = ISUP_RR 

and the Original called number parameter coded 

Nature of address indicator = national number 

Numbering plan indicator = ISDN/Telephony numbering plan 

Address presentation restricted parameter = presentation allowed 

Address signals included in the format CC-kNDC+SN. 


SIP Parameter 
values: 


INVITE: History-Info: hi-targeted-to-uri served user; index=1 , 

hi-targeted-ti uri diverted to user; cause=Status-Code ; index=1.1 


ISUP Parameter 
values: 


lAM: Original called number parameter coded 

Nature of address indicator = national number 

Numbering plan indicator = ISDN/Telephony numbering plan 

Address presentation restricted parameter = presentation allowed 

Address signals userinfo of the hi-targeted-to from index 1 


Comments: 


SIP SUT ISUP 

INVITE ^ ^ lAM 
180 Ringing «■ «■ ACM 
200 OK INVITE «■ «■ ANM 
ACK ^ 

Communication 

BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 



ISUP Parameter 


Derived value of 
parameter field 


SIP component 


Value 


lAM 




INVITE 




Redirection Information 


Redirecting reason 

ISUP RR 


Cause Value in History 
Index; cause-param = 


Cause value 




unknown 'OOOO'B 


"cause" EQUAL 


404 




Unconditional '001 1'B 


Status-Code 


302 




User Busy '0001 'B 




486 




No reply '001 0'B 




408 




Deflection during 
alerting '0100'B 




487 




Deflection immediate 




480 




response '0101'B 








Mobile subscriber not 




503 




reachable 
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SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.5.4 


TSS reference: 


SIP-ISUP/SS/CDIV/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 


PICS 1/5 AND PICS 10/6 


Test purpose: 


CDIV performed, the first hi-targeted-to-uri is sent in the original called number 
international number 

Ensure that the SUT in the Idle state, on receipt an INVITE message with Cause Value in 
History Index; cause-param = "cause" EQUAL Status-Code defined in the table, the 
Privacy header is ansent and with the complete Original called number parameter 

contained URI of first Index entry of History-Info header in the format "+" CC NDC SN. 

Sends of a lAM message with the Redirection information parameter coded 
Redirection counter = 1 
Redirecting reason = ISUP_RR 
and the Original called number parameter coded 

Nature of address indicator = international number 
Numbering plan indicator = ISDN/Telephony numbering plan 
Address presentation restricted parameter = presentation allowed 
Address signals included in the format CC+NDC+SN 


SIP Parameter 

values: 


INVITE: History-Info: hi-targeted-to-uri served user; index=1, 

hi-targeted-ti uri diverted to user; cause=Status-Code; index=1.1 


ISUP Parameter 
values: 


lAIVI: Original called number parameter coded 
Nature of address indicator = international number 
Numbering plan indicator = ISDN/Telephony numbering plan 
Address presentation restricted parameter = presentation allowed 
Address signals userinfo of the hi-targeted-to from index 1 


Comments: 


SIP SUT ISUP 

INVITE ^ ^ lAM 
180 Ringing «■ «■ ACM 
200 OK INVITE «■ «■ ANM 
ACK ^ 

Communication 
BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 



ISUP Parameter or IE 


Derived value of 
parameter field 


SIP component 


Value 


lAM 




INVITE 




Redirection Information 


Redirecting reason 

ISUP RR 


Cause Value in History 
Index; cause-param = 
"cause" EQUAL 
Status-Code 


Cause value 


unknown 'OOOO'B 


404 


Unconditional '001 1'B 


302 


User Busy '0001 'B 


486 


No reply '001 0'B 


408 


Deflection during 
alerting '0100'B 


487 


Deflection immediate 
response '0101'B 


480 


Mobile subscriber not 
reachable 


503 
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oir reterence: Kro ozoi [oj loUr reterence: 

ES 283 027 [1], clause 7.5.4 


TSS reference: 


SIP-ISUP/SS/CDIV/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 


PICS 10/6 


Test purpose: 


CDIV performed, the first hi-targeted-to-uri is sent in the original called number Privacy 
header is equal "history" 

Ensure that the SUT in the Idle state, INVITE message with Cause Value in History Index; 
cause-param = "cause" EQUAL Status-Code defined in the table, the priv-value set to 
"history" and with the complete Original called number parameter contained URI of first 

Index entry of History-Info header in the format "+" CC NDC SN. 

Sends an a lAM message with the Redirection information parameter coded 

Redirection counter = 1 

Redirecting reason = ISUP_RR 

and the Original called number parameter coded 

Address presentation restricted parameter = presentation restricted 


SIP Parameter 
values: 


INVITE: History-Info: hi-targeted-to-uri served user?Privacy=history; index=1, 

hi-targeted-ti uri diverted to user; cause=Status-Code; index=1.1 


ISUP Parameter 
values: 


lAM: Original called number parameter coded 
Numbering plan indicator = ISDN/Telephony numbering plan 
Address presentation restricted parameter = presentation restricted 
Address signals userinfo of the hi-targeted-to from index 1 


Comments: 


SIP SUT ISUP 

INVITE lAM 
180 Ringing «■ «■ ACM 
200 OK INVITE «■ «■ ANM 
ACK ^ 

Communication 
BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 



ISUP Parameter or IE 


Derived value of 
parameter field 


SIP component 


Value 


lAM 




INVITE 




Redirection Information 


Redirecting reason 

ISUP RR 


Cause Value in History 
Index; cause-param = 


Cause value 




unl<nown 'OOOO'B 


"cause" EQUAL 


404 




Unconditional '001 1'B 


Status-Code 


302 




User Busy '0001 'B 




486 




No reply '001 0'B 




408 




Deflection during 
alerting '0100'B 




487 




Deflection immediate 




480 




response '0101'B 








Mobile subscriber not 




503 




reachable 
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SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.5.4 


TSS reference: 


SIP-ISUP/SS/CDIV/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 


NOT PICS 1/5 AND PICS 10/6 


Test purpose: 


CDIV performed, the first hi-targeted-to-uri is sent in the redirecting number national 
number 

Ensure that the SUT in the Idle state Sends an INVITE message with Cause Value in 
History Index; cause-param = "cause" EQUAL Status-Code defined in the table, Privacy 
header field is absent and with the complete Redirecting number parameter contained 

in the hi-targeted-to-uri of History-Info header in the format "+" CC NDC SN. 

of a lAM message with the Redirection information parameter coded 

Redirection counter = 1 

Redirecting reason = ISUP_RR 

and the Redirecting number parameter coded 

Nature of address indicator = national number 
Numbering plan indicator = ISDN/Telephony numbering plan 
Address presentation restricted parameter = presentation allowed 
Address signals included in the format CC+NDC-i-SN 


SIP Parameter 

values: 


INVITE: History-Info: hi-targeted-to-uri served user; index=1, 

hi-targeted-ti uri diverted to user; cause=Status-Code; index=1.1 


ISUP Parameter 
values: 


lAIVI: Redirecting number parameter coded 

Nature of address indicator = national number 

Numbering plan indicator = ISDN/Telephony numbering plan 

Address presentation restricted parameter = presentation allowed 

Address signals userinfo of the hi-targeted-to from index 1 


Comments: 


SIP SUT ISUP 

INVITE ^ ^ lAM 
180 Ringing «■ «■ ACM 
200 OK INVITE «■ «■ ANM 
ACK ^ 

Communication 
BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 



ISUP Parameter or IE 


Derived value of 
parameter field 


SIP component 


Value 


lAM 




INVITE 




Redirection Information 


Redirecting reason 

ISUP RR 


Cause Value in History 
Index; cause-param = 
"cause" EQUAL 
Status-Code 


Cause value 


unknown 'OOOO'B 


404 


Unconditional '001 1'B 


302 


User Busy '0001 'B 


486 


No reply '001 0'B 


408 


Deflection during 
alerting '0100'B 


487 


Deflection immediate 
response '0101'B 


480 


Mobile subscriber not 
reachable 


503 
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SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.5.4 


TSS reference: 


SIP-ISUP/SS/CDIV/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 


PICS 1/5 AND PICS 10/6 


Test purpose: 


CDIV performed, the first hi-targeted-to-uri is sent in the redirecting number international 
number 

Ensure that the SUT in the Idle state, on receipt an INVITE message with Cause Value in 
History Index; cause-param = "cause" EQUAL Status-Code defined in the table, Privacy 
header field is absent and with the complete Redirecting number parameter contained 

hi-targeted-to-uri of History-Info header in the format "+" CC NDC SN. 

Sends of a lAM message with the Redirection information parameter coded 

Redirection counter = 1 

Redirecting reason = ISUP_RR 

and the Redirecting number parameter coded 

Nature of address indicator = international number 
Numbering plan indicator = ISDN/Telephony numbering plan 
Address presentation restricted parameter = presentation allowed 
Address signals included in the format CC+NDC-nSN 


SIP Parameter 

values: 


INVITE: History-Info: hi-targeted-to-uri served user; index=1, 

hi-targeted-ti uri diverted to user; cause=Status-Code; index=1.1 


ISUP Parameter 
values: 


lAIVI: Redirecting number parameter coded 
Nature of address indicator = international number 
Numbering plan indicator = ISDN/Telephony numbering plan 
Address presentation restricted parameter = presentation allowed 
Address signals userinfo of the hi-targeted-to from index 1 


Comments: 


SIP SUT ISUP 

INVITE ^ ^ lAM 
180 Ringing «■ «■ ACM 
200 OK INVITE «■ «■ ANM 
ACK ^ 

Communication 
BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 



ISUP Parameter or IE 


Derived value of 
parameter field 


SIP component 


Value 


lAM 




INVITE 




Redirection Information 


Redirecting reason 

ISUP RR 


Cause Value in History 
Index; cause-param = 
"cause" EQUAL 
Status-Code 


Cause value 


unknown 'OOOO'B 


404 


Unconditional '001 1'B 


302 


User Busy '0001 'B 


486 


No reply '001 0'B 


408 


Deflection during 
alerting '0100'B 


487 


Deflection immediate 
response '0101'B 


480 


Mobile subscriber not 
reachable 


503 
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SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.5.4 


TSS reference: 


SIP-ISUP/SS/CDIV/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 


PICS 10/6 


Test purpose: 


CDIV performed, the second hi-targeted-to-uri is sent in ttie redirecting number Privacy 
iieader is equal "liistory" 

Ensure that the SUT in the Idle state, INVITE message with Cause Value in History Index; 
cause-param = "cause" EQUAL Status-Code defined in the table, the priv-value set to 
"history" and with the complete Redirecting number parameter contained hi-targeted-to- 
uri of History-Info header in the format "+" CC NDC SN. 

Sends an a lAM message with the Redirection information parameter coded 

Redirection counter = 1 

Redirecting reason = ISUP_RR 

and the Redirecting number parameter coded 

Address presentation restricted parameter = presentation restricted 


SIP Parameter 
values: 


INVITE: History-Info: hi-targeted-to-uri served user?Privacy=history; index=1, 

hi-targeted-ti uri diverted to user; cause=Status-Code; index=1.1 


ISUP Parameter 
values: 


lAM: Redirecting number parameter coded 
Nature of address indicator = international number 

Numbering plan indicator = ISDN/Telephony numbering plan 
Address presentation restricted parameter = presentation restricted 
Address signals userinfo of the hi-targeted-to from index 1 


Comments: 


SIP SUT ISUP 

INVITE ^ ^ lAM 
180 Ringing «■ «■ ACIVI 
200 OK INVITE «■ «■ ANM 
ACK 

Communication 
BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 



ISUP Parameter or IE 


Derived value of 
parameter field 


SIP component 


Value 


lAM 




INVITE 




Redirection Information 


Redirecting reason 

ISUP RR 


Cause Value in History 
Index; cause-param = 


Cause value 




unknown 'OOOO'B 


"cause" EQUAL 


404 




Unconditional '001 1'B 


Status-Code 


302 




User Busy '0001 'B 




486 




No reply '001 0'B 




408 




Deflection during 
alerting '0100'B 




487 




Deflection immediate 




480 




response '0101'B 








Mobile subscriber not 




503 




reachable 
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SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.5.4 


TSS reference: 


SIP-ISUP/SS/CDIV/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 


PICS 10/ 


Test purpose: 


CDIV performed, the second hi-targeted-to-uri Privacy header is not included is sent in the 
redirecting number and the first hi-targeted-to-uri Privacy header is sent in the original 




Ensure that the SUT in the Idle state, on receipt of an INVITE message with Cause Value 
in History Index; cause-param = "cause" EQUAL Status-Code defined in the table and 
with the complete Original called number parameter contained the URI of first Index 
entry of History-Info header, the Privacy header field is absent in the format "-i-" CC NDC 
SN. 

The Redirecting number parameter is contained in the second hi-targeted-to-uri of 
History-Info header in the format "+" CC NDC SN the Privacy header field is absent. 






Sends a lAM message with the Redirection information parameter coded 

Redirection counter 2 

Redirecting reason = ISUP_RR, 

the Original called number parameter coded 

Nature of address indicator = national number 

Numbering plan indicator = ISDN/Telephony numbering plan 

Address presentation restricted parameter = presentation allowed 

Address signals included 

and the Redirecting number parameter coded 

Nature of address indicator = national number 

Numbering plan indicator = ISDN/Telephony numbering plan 

Address presentation restricted parameter = presentation allowed 

Address signals included 


SIP Parameter 
values: 


INVITE: History-Info: hi-targeted-to-uri served user; index=1 , 

hi-targeted-ti uri diverted to user C; cause=302; index=1 .1 
hi-targeted-ti uri diverted to user D; cause=Status-Code; index=1.1.1 


ISUP Parameter 
values: 


lAM: Original called number parameter coded 

Nature of address indicator = national number 

Numbering plan indicator = ISDN/Telephony numbering plan 

Address presentation restricted parameter = presentation allowed 

Address signals userinfo of the hi-targeted-to from index 1 

Redirecting number parameter coded 

Nature of address indicator = national number 

Numbering plan indicator = ISDN/Telephony numbering plan 

Address presentation restricted parameter = presentation allowed 

Address signals userinfo of the hi-targeted-to from index 1 .1 


Comments: 


SIP SUT ISUP 

INVITE ^ ^ lAM 
180 Ringing «■ «■ ACM 
200 OK INVITE «■ «■ ANM 
ACK ^ 

Communication 
BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 
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ISUP Parameter or IE 


Derived vslue of 
param6i6r iieiu 


SIP component 


Value 


lAM 




INVITE 




Redirection Information 


Redirecting reason 

lOI ID DD 

IbUr UK 


Cause Value in History 
Index; cause-param = 
"cause" EQUAL 
Status-Code 


Cause value 


unknown 'OOOO'B 


404 


unconoitionai uui i b 




User Busy '0001 'B 


486 


ino reply uui u b 




Deflection during 
alerting '0100'B 


487 


Deflection immediate 
response 'OIOTB 


480 


Mobile subscriber not 
reachable 


503 
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TroOaOZl 


oir reterence: Kro ozoi [oj loUr reterence: 

ES 283 027 [1], clause 7.5.4 


TSS reference: 


SIP-ISUP/SS/CDIV/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 


PIGS 10/6 


Test purpose: 


CDIV performed, the second hi-targeted-to-uri Privacy ="history" is sent in tlie redirecting 
number and the first hi-targeted-to-uri Privacy "header" is sent in the original called number 

Ensure that the SUT in the Idle state, on receipt of an INVITE message with Cause Value 
in History Index; cause-param = "cause" EQUAL Status-Code defined in the table and with 
the complete Original called number parameter contained the URI of first Index entry of 
History-Info header, the Privacy header field is absent in the format "+" CC NDC SN. 
The Redirecting number parameter is contained in the second hi-targeted-to-uri of 
History-Info header in the format "+" CC NDC SN, the Privacy value is set to "history". 

Sends a lAM message with the Redirection Information parameter coded 
Redirection counter 2 

Redirecting reason = ISUP_RR, 

the Original called number parameter coded 

Nature of address indicator = national number 

Numbering plan indicator = ISDN/Telephony numbering plan 

Address presentation restricted parameter = presentation allowed 

Address signals included 

and the Redirecting number parameter coded 

Nature of address indicator = national number 

Numbering plan indicator = ISDN/Telephony numbering plan 

Address presentation restricted parameter = presentation restricted 

Address signals included 


SIP Parameter 
values: 


INVITE: History-Info: hi-targeted-to-uri served user; index=1, 

hi-targeted-ti uri diverted to user C?Privacy=history; cause=302; 

index=1 .1 

hi-targeted-ti uri diverted to user D; cause=Status-Code; index=1.1.1 


ISUP Parameter 
values: 


lAM: Original called number parameter coded 

Nature of address indicator = national number 

Numbering plan indicator = ISDN/Telephony numbering plan 

Address presentation restricted parameter = presentation allowed 

Address signals userinfo of the hi-targeted-to from index 1 

Redirecting number parameter coded 

Nature of address indicator = national number 

Numbering plan indicator = ISDN/Telephony numbering plan 

Address presentation restricted parameter = presentation restricted 

Address signals userinfo of the hi-targeted-to from index 1 .1 


Comments: 


SIP SUT ISUP 

INVITE ■> lAM 
180 Ringing «■ «■ ACM 
200 OK INVITE «■ «■ ANM 
ACK ^ 

Communication 
BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 
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ISUP Parameter or IE 


uerivea vaiUG ot 

nsiraiYiAtoi' fiAlrl 
(Jarciiiicicr iieiu 


SIP component 


ValuG 


lAM 




INVITE 




Redirection Information 




Cause Value in History 
Index; cause-param = 
"cause" EQUAL 
Status-Code 


L>ause Value 


unknown 'OOOO'B 


404 


unconuitionai uui i b 




User Busy '0001 'B 


486 


NO reply uui u b 


/I HQ 


Deflection during 
alerting '0100'B 


487 


Deflection Immediate 
response '0101'B 


480 


Mobile subscriber not 
reacliable 


503 
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TroOaOZZ 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.5.4 


TSS reference: 


SIP-ISUP/SS/CDIV/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 


PICS 10/6 


Test purpose: 


CDIV performed, the second hi-targeted-to-uri Privacy header absent is sent in the 
redirecting number and the first hi-targeted-to-uri Privacy = "history" is sent in the original 

r^alloH ni itnHor PWi/a/^i/ 
ociiicru 1 lui 1 lUKSi 1 1 ivciuy 




Ensure that the SUT in the Idle state, on receipt of an INVITE message with Cause Value 
in History Index; cause-param = "cause" EQUAL Status-Code defined in the table and 
with the complete Original called number parameter contained the URI of first Index 
entry of History-Info header, the Privacy value set to "history" in the format "+" CC NDC 
SN. 

The Redirecting number parameter is contained in the second hi-targeted-to-uri of 
History-Info header in the format "+" CC NDC SN the Privacy header field is absent. 






Sends an lAM message with the Redirection information parameter coded 

Redirection counter 2 

Redirecting reason = ISUP_RR, 

the Original called number parameter coded 

Nature of address indicator = international number 

Numbering plan indicator = ISDN/Telephony numbering plan 

Address presentation restricted parameter = presentation restricted 

Address signals included 

and the Redirecting number parameter coded 

Nature of address indicator = international number 

Numbering plan indicator = ISDN/Telephony numbering plan 

Address presentation restricted parameter = presentation allowed 

Address signals included 


SIP Parameter 
values: 


INVITE: History-Info: hi-targeted-to-uri served user?Privacy=history; index=1, 
hi-targeted-ti uri diverted to user C; cause=302; index=1 .1 
hi-targeted-ti uri diverted to user D; cause=Status-Code; index=1.1.1 


ISUP Parameter 
values: 


lAM: Original called number parameter coded 

Nature of address indicator = national number 

Numbering plan indicator = ISDN/Telephony numbering plan 

Address presentation restricted parameter = presentation restricted 

Address userinfo of the hi-targeted-to from index 1 

Redirecting number parameter coded 

Nature of address indicator = national number 

Numbering plan indicator = ISDN/Telephony numbering plan 

Address presentation restricted parameter = presentation allowed 

Address signals userinfo of the hi-targeted-to from index 1 .1 


Comments: 


SIP SUT ISUP 

INVITE ^ ^ lAM 
180 Ringing «■ «■ ACM 
200 OK INVITE «■ «■ ANM 
ACK ^ 

Communication 
BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 
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ISUP Parameter or IE 


uerivea vaiUG ot 

nsiraiYiAtoi' fiAlrl 
(Jarciiiicicr iieiu 


SIP component 


ValuG 


lAM 




INVITE 




Redirection Information 




Cause Value in History 
Index; cause-param = 
"cause" EQUAL 
Status-Code 


L>ause Value 


unknown 'OOOO'B 


404 


unconuitionai uui i b 




User Busy '0001 'B 


486 


NO reply uui u b 


/I HQ 


Deflection during 
alerting '0100'B 


487 


Deflection Immediate 
response '0101'B 


480 


Mobile subscriber not 
reacliable 


503 
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Tr50902o 


oir reterence: Kro ozoi [oj loUr reterence: 

ES 283 027 [1], clause 7.5.4 


TSS reference: 


SIP-ISUP/SS/CDIV/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 


PICS 10/6 


Test purpose: 


CDIV performed, the second hi-targeted-to-uri Privacy="history" is sent in the redirecting 
number and the first hi-targeted-to-uri Privacy = "history" is sent in the originai called 
number Privacy 

Ensure that the SUT in the Idle state, on receipt of an INVITE message with Cause Value 
In History Index; cause-param = "cause" EQUAL Status-Code defined in the table and with 
the complete Original called number parameter contained the URI of first Index entry of 
History-Info header the Privacy Is set to "history" In the format "+" CC NDC SN. 
The Redirecting number parameter is contained in the second hi-targeted-to-uri of 
History-Info header in the format "+" CC NDC SN the Privacy is set to "history". 

Sends an lAM message with the Redirection information parameter coded 

Redirection counter 2 

Redirecting reason = ISUP_RR, 

the Original called number parameter coded 

Nature of address indicator = international number 

Numbering plan indicator = ISDN/Telephony numbering plan 

Address presentation restricted parameter = presentation restricted 

Address signals included 

and the Redirecting number parameter coded 

Nature of address indicator = International number 

Numbering plan indicator = ISDN/Telephony numbering plan 

Address presentation restricted parameter = presentation restricted 

Address signals Included 


SIP Parameter 
values: 


INVITE: History-Info: hl-targeted-to-url served user?Prlvacy=hlstory; lndex=1, 

hl-targeted-tl uri diverted to user C?Privacy=hlstory; cause=302; 

index=1.1 

hl-targeted-ti uri diverted to user D; cause=Status-Code; index=1.1.1 


ISUP Parameter 
values: 


lAM: Original called number parameter coded 

Nature of address indicator = national number 

Numbering plan indicator = ISDN/Telephony numbering plan 

Address presentation restricted parameter = presentation restricted 

Address signals userinfo of the hl-targeted-to from Index 1 

Redirecting number parameter coded 

Nature of address indicator = national number 

Numbering plan indicator = ISDN/Telephony numbering plan 

Address presentation restricted parameter = presentation restricted 

Address signals userinfo of the hl-targeted-to from Index 1 .1 


Comments: 


SIP SUT ISUP 

INVITE lAM 
180 Ringing «■ «■ ACM 
200 OK INVITE «■ «■ ANM 
ACK ^ 

Communication 
BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 
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ISUP Parameter or IE 


uerivea vaiUG ot 

nsiraiYiAtoi' fiAlrl 
(Jarciiiicicr iieiu 


SIP component 


ValuG 


lAM 




INVITE 




Redirection Information 




Cause Value in History 
Index; cause-param = 
"cause" EQUAL 
Status-Code 


L>ause value 


unknown 'OOOO'B 


404 


unconaitionai uui i b 




User Busy '0001 'B 


486 


NO reply uui u b 


/I HQ 


Deflection during 
alerting '0100'B 


487 


Deflection immediate 
response '0101'B 


480 


Mobile subscriber not 
reachable 


503 



TP509024 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.5.4 


TSS reference: 


SIP-ISUP/SS/CDIV/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 


PICS 5/12 AND PICS 5/13 AND PICS 5/14 AND PICS 5/15 


Test purpose: 


CDIV performed, the third hi-targeted-to-uri is sent in the redirecting Redirection counter is 
mapped from the latest history entry 

Ensure that the SUT in the Idle state, on receipt of an INVITE message containing a 
History-Info header with three History entries, the hi-targeted-to-uri of first index is mapped 
into the Original called number parameter; the hi-targeted-to-uri of third index is mapped 
into the Redirecting number parameter Cause Value in History Index; cause-param = 
cause EQUAL Status-Code defined in the table. 

Sends a lAM message with the 
Redirection Information parameter coded 

Redirection counter 3 

Redirecting reason = ISUP_RR, 

the Original called number parameter coded 

Nature of address indicator = national number 

Numbering plan indicator = ISDN/Telephony numbering plan 

Address signals included 

and the Redirecting number parameter coded 

Nature of address indicator = national number 

Numbering plan indicator = ISDN/Telephony numbering plan 

Address signals included 


SIP Parameter 
values: 


INVITE: History-Info: hi-targeted-to uri served user; lndex=1, 

hi-targeted-ti uri diverted to user C; cause=302lndex=1 .1 
hi-targeted-ti uri diverted to user D; cause=486index=1 .1 .1 
hi-targeted-ti uri diverted to user E; cause=Status-Code; index=1. 1.1.1 


ISUP Parameter 
values: 


lAM: Original called number parameter coded 

Nature of address indicator = national number 

Numbering plan indicator = ISDN/Telephony numbering plan 

Address signals userinfo of the hi-targeted-to from index 1 

Redirecting number parameter coded 

Nature of address indicator = national number 

Numbering plan indicator = ISDN/Telephony numbering plan 

Address signals userinfo of the hi-targeted-to from index 1.1.1 


Comments: 


SIP SUT ISUP 

INVITE ^ ^ lAM 
180 Ringing «■ «■ ACM 
200 OK INVITE «■ «■ ANM 
ACK 

Communication 
BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 
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ISUP Parameter or IE 


uerivea vaiUG ot 

nsiraiYiAtoi' fiAlrl 
(Jarciiiicicr iieiu 


SIP component 


ValuG 


lAM 




INVITE 




Redirection Information 




Cause Value in History 
Index; cause-param = 
"cause" EQUAL 
Status-Code 


L>ause value 


unknown 'OOOO'B 


404 


unconuitionai uui i b 




User Busy '0001 'B 


486 


NO reply uui u b 


/I HQ 


Deflection during 
alerting '0100'B 


487 


Deflection immediate 
response '0101'B 


480 


Mobile subscriber not 
reachable 


503 



TP509025 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.5.4 


TSS reference: 


SIP-ISUP/SS/GDIV/ 


criteria: 




iSUP selection 
criteria: 


NOT PICS 5/12 AND NOT PICS 5/13 AND NOT PICS 5/14 AND NOT PICS 5/15 


Test purpose: 


Interworking not supported, session successful. 

Ensure that the SUT in the Idle state, on receipt of an INVITE message containing a 
History-Info header with three History entries the History-Info header entries are not 
mapped into any call diversion relateded parameters in the lAM and the session setup is 
not disruppted. 


SiP Parameter 
values: 


INVITE: History-Info: hi-targeted-to-uri served user; index=1 , 

hi-targeted-ti uri diverted to user C; cause=Status code; index=1 .1 
hi-targeted-ti uri diverted to user D; cause=Status code; index=1 .1.1 


ISUP Parameter 
values: 


lAM: no mapping 


Comments: 


SIP SUT ISUP 

INVITE ^ ^ lAM 
180 Ringing «■ «■ ACM 
200 OK INVITE «■ «■ ANM 
ACK ^ 

Communication 
BYE ^ ^ REL 
200 OK BYE «■ «■ RLC 
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6.3.1.10 Call waiting (CW) 



TP510001 


SIP reference: RFC 3261 [6] ISUP reference: 

ES 283 027 [1], clause 7.4.9 


TSS reference: 


SIP-ISUP/SS/CW/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


No mapping of Call Waiting indication in the ACM at the l-MGCF 

Ensure that the indication for Call Waiting contained in an ACM, Generic notification "call is 
a waiting call" is not interworked in a 180 Ringing Response 


SIP Parameter 
values: 




ISUP Parameter 

values: 


ACM: Generic notification parameter = "Call is a waiting call" 




SIP SUT ISUP 
INVITE ^ ^ lAM 
180 Ringing «■ «■ ACM 

Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE «■ «■ REL 

200 OK BYE ^ ^ RLC 



TP510002 


SIP reference: RFC 3261 [6] 


ISUP reference: 








ES 283 027 [1], clause 7.4.9 


TSS reference: 


SIP-ISUP/SS/CW/ 


SIP selection 








criteria: 








ISUP selection 








criteria: 








Test purpose: 


No mapping of Call Waiting indication in the CPG at the l-MGCF 

Ensure that the indication for Call Waiting contained in an CPG, Generic notification "call is 
a waiting call", is not interworked in a 180 Ringing Response 


SIP Parameter 
values: 


180 Ringing 


ISUP Parameter 


ACM: Called party status "no indication" 




values: 


CPG: Generic notification parameter = "Call is a waiting call" 


Comments: 


SIP 


SUT ISUP 




INVITE 




^ lAM 
«■ ACM 




180 Ringing 




«■ CPG 




200 OK INVITE 


Ringing tone 
«■ «■ ANM 




ACK 










Conversation 




BYE 




«■ REL 




200 OK BYE 




^ RLC 
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6.3.1 .1 1 User to user signalling (UUS) 



TP511001 


SIP reference: RFC 3261 [6] 






ISUP reference: 






ITU-T Rec Q.I 91 2.5 [32], annex B.21 






ITU-T Rec Q.737.1 [33], clause 1.3.7.2 


TSS reference: 


SIP-ISUP/SS/UUS/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 


PICS 11/1 AND PICS 11/2 


Test purpose: 


Explicit request supported, a FAR user-to-user service 3 request (not essential) is rejected 
witli FRJ 

Ensure that the SUT if a FAR is received with an user-to-user service 3 request (not 
essential) after call setup, sent a FRJ to reject the request. The SIP signalling procedure 
is not disrupted. 


SIP Parameter 










Values. 










wall 1 AO ' 


FRJ: User-to-user indicator = "Service 3 not provided" 


1 1 1 1 1 Id 1 Id - 


SIP SUT 




ISUP 




INVITE ^ 






lAM 




180 Ringing «■ 






ACM 




Ringing tone 

200 OK INVITE «■ 


«■ 


ANM 




ACK ^ 










Conversation 














FAR 










FRJ 




Conversation 








BYE «■ 






REL 




200 OK BYE ^ 






RLC 



TP511002 


SIP reference: RFC 3261 [6] 






ISUP reference: 








ITU-T Rec Q.I 91 2.5 [32], annex B.21 










ITU-T Rec Q.737 [33], 










clause 1.3.5.2.5.2 


TSS reference: 


SIP-ISUP/SS/UUS/ 


SIP selection 












criteria: 












ISUP selection 


NOT PICS 11/2 










criteria: 












Test purpose: 


Explicit request not supported, no response on receipt of a FAR 

Ensure that the SUT if a FAR is received with an user-to-user service 3 request (not 

essential) after call setup, the SIP signalling procedure is not disrupted. 


SIP Parameter 












values: 












ISUP Parameter 












values: 












Comments: 


SIP 


SUT 




ISUP 




INVITE 








lAM 




180 Ringing 


«■ 






ACM 




200 OK INVITE 


Ringing tone 

«■ 


«■ 


ANM 




ACK 














Conversation 














«■ 


FAR 






Conversation 








BYE 








REL 




200 OK BYE 








RLC 
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TP511003 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ITU-T Rec Q.I 91 2.5 [32], annex B.21 
ITU-T Rec Q.737.1 [33], 
clause 1.3.5.2.5.2 


TSS reference: 


SIP-ISUP/SS/UUS/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


User-to-user service 1 implicit request 










Ensure that the SUT if an User-to-User header is included in the INVITE a User-to-user 
parameter is sent in the lAIVI. The data field of the User-to-user information is derived from 
the uuidata component of the User-to-User header in the INVITE 


SIP Parameter 

values: 


INVITE: User-to-User uuidata 


ISUP Parameter 
values: 


lAIVI: User-to-user information 


Comments: 


SIP 

INVITE ^ 
180 Ringing «■ 

200 OK INVITE «■ 
ACK ^ 

BYE «■ 

200 OK BYE ^ 


SUT 

Ringing tone 
Conversation 


ISUP 
^ lAM 
«■ ACM 

«■ ANM 

«■ REL 
^ RLC 



TP511004 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ITU-T Rec Q.I 91 2.5 [32], annex B.21 
ITU-T Rec Q.737 [33], 
clause 1.3.5.2.5.2.1 


TSS reference: 


SIP-ISUP/SS/UUS/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


User-to-user service 1 response 










Ensure that the User-to-user information parameter in an ACM, ANM or REL is mapped in 
uuidata of a nUser-to-User header sent in an Provisional response, final response or BYE 


SIP Parameter 
values: 


18x: User-to-User uuidata 
200: User-to-User uuidata 
BYE: User-to-User uuidata 


ISUP Parameter 
values: 


ACM: User-to-user information 
ANM: User-to-user information 
REL: User-to-user information 


Comments: 


SIP 

INVITE ^ 
180 Ringing «■ 

200 OK INVITE «■ 
ACK 

BYE «■ 

200 OK BYE ^ 


SUT 

Ringing tone 
Conversation 


ISUP 
^ lAM 
«■ ACM 

«■ ANM 

«■ REL 
^ RLC 
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6.3.1.12 Explicit call transfer (ECT) 



TP512001 


SIP reference: RFC 3261 [6] ISUP reference: 

ES 283 027 [1], clause 7.4.8 


TSS reference: 


SIP-ISUP/SS/ECT/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 


PICS 12/1 


Test purpose: 


Loop prevention procedure supported, a LOP response "insufficient information" is sent 

Ensure that the SUT if a LOP(request) is received returns a LOP (response) with the 
indication "insufficient information" continue without disrupting the SIP signalling 
procedure. 

Ensure that the SUT if a FAC is received continue without disrupting the SIP signalling 
procedure. 


SIP Parameter 

values: 




ISUP Parameter 
values: 


LOP: Response "insufficient information" 


Comments: 


SIP SUT ISUP 

INVITE ^ ^ lAM 
180 Ringing «■ «■ ACM 

Ringing tone 

200 OK INVITE ANM 

^\J\J \ 1 1 V V 1 1 1 ^ ^ r^l ^ 1 VI 

ACK ^ 

Conversation 

«■ LOP 
LOP 
«■ FAC 

Conversation 

BYE «■ «■ REL 

200 OK BYE RLC 
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1 roi ^UU^ 


SIP reference: RFC 3261 [6] 






ISUP reference: 










ES 283 027 [1], clause 7.4.8 


TSS reference: 


SIP-ISUP/SS/ECT/ 


SIP selection 












criteria: 












ISUP selection 


NO PICS 12/1 










criteria: 












Test purpose: 


Loop prevention procedure not supported 










Ensure that the SUT if a LOP{request) is received continue without disrupting the SIP 




signalling procedure. 

Ensure that the SUT if a FAC is received continue without disrupting the SIP signalling 




procedure. 










oil ~CllClllldd 












values: 












IQI ID DafamafAr 
lOU 1 ~aicllllcld 












valllPQ' 












Comments' 


SIP 


SUT 




ISUP 




INVITE 








lAM 




180 Ringing 


«■ 






ACM 




200 OK INVITE 


Ringing tone 

«■ 


«■ 


ANM 




ACK 














Conversation 














«■ 


LOP 










«■ 


FAC 






Conversation 








BYE 






«■ 


REL 




200 OK BYE 








RLC 



6.3.1 .13 Completion of Call to Busy Subscriber (CCBS) 



TP513001 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.4.11 


TSS reference: 


SIP-ISUP/SS/CCBS/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


CCBS possible in this Diagnostics field received 

Ensure that the SUT it a REL is received contained a Diagnostic field and the CCBS 
indicator is coded as CCBS possible: 

• continue without disrupting the SIP signalling procedure. 


SIP Parameter 
values: 




ISUP Parameter 
values: 


REL: Cause indicator Diagnostics CCBS possible 


Comments: 


SIP SUT ISUP 

INVITE ^ ^ lAM 
486 Busy Here «■ «■ REL 
ACK ^ ^ RLC 
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6.3.1 .14 Completion of Calls on No reply (CCNR) 



TP514001 


SIP reference: RFC 3261 [6] ISUP reference: 

ES 283 027 [1], clause 7.4.12 


TSS reference: 


SIP-ISUP/SS/CCNR/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


CCNR possible in thie ACM received 

Ensure that the SUT if a ACM is received and a CCNR Possible Indicator is included: 
• continue without disrupting the SIP signalling procedure. 


SIP Parameter 

values: 




ISUP Parameter 
values: 


ACIVI: CCNR possible indicator CCNR possible 


Comments' 


SIP SUT ISUP 
INVITE ^ ^ lAM 
180 Ringing «■ «■ ACM 

Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE «■ «■ REL 

200 OK BYE ^ ^ RLC 



6.3.1.15 Anonymous Call Rejection (ACR) 



TP515001 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.4.23 


TSS reference: 


SIP-ISUP/SS/ACR/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


Mapping of cause value #24 

Ensure that the SUT, If a destination user has subscribed the ACR supplementary service: 

• the call attempt is rejected with a REL cause value 24 "call rejected due to ACR 

supplementary service". 


SIP Parameter 
values: 


INVITE: Privacy-header = "id" 

603 Decline: Reason header field Reason: ITU-T Recommendation Q.850 [5]; cause=24 


ISUP Parameter 

values: 


REL: Cause value: 24 "call rejected due to ACR supplementary service" 


Comments: 


SIP SUT ISUP 

INVITE ^ ^ lAM 
603 Decline «■ «■ REL 
ACK RLC 
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6.3.1.16 Closed user group (CUG) 



TP516001 


SIP reference: RFC 3261 [6] ISUP reference: 

7.4.1.1 


TSS reference: 


SIP-ISUP/SS/CUG/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 


PICS 5/7 


Test purpose: 


Mapping of <cug> XML element in the received INVITE cugCommunicationlndicator value 
"00" 

Ensure that the <cugCommunicationlndicator> value "00" contained in the INVITE <cug> 
XML body is sent in a optional forward call indicator - CUG call indicator, if any other value 
of the optional forward call indicator have to be set not equal "0". No mapping of 
<networklndlcator> and <cuglnterlockBinaryCode> into Closed User Group interlock code. 


SIP Parameter 
values: 


INVITE: 

<cug> 

<networklndicator>[PIXIT]</networklndicator> 
<cuglnterlockBinaryCode>[PIXIT]</cuglnterlockBinaryCode> 

<cugCommunicationlndicator>00</cugCommunicationlndicator> 

</cug> 


ISUP Parameter 
values: 


lAM: 

Optional Forward Call Indicator CUG call indicator = "00" 

When optional forward call Indicator have to be sent in case of an other indicator is not set 

to "0" 


Comments' 


SIP SUT ISUP 

INVITE ^ ^ lAM 
180 Ringing «■ «■ ACIVI 

Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK 

Conversation 

BYE «■ «■ REL 

200 OK BYE ^ ^ RLC 
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Troi 6002 


oir reterence: Kro ozoi [oj loUr reterence: 

7.4.1.1 


TSS reference: 


SIP-ISUP/SS/CUG/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 


PICS 5/7 


Test purpose: 


Mapping of <cug> XML element in the received INVITE cugCommunicationlndicator value 
"01" 

Ensure that the <cugCommunicationlndicator> value "01 " contained in the INVITE <cug> 
XML body is not sent in a optional forward call indicator - CUG call indicator. If the optional 

forward call indicator have to be sent, the CUG call indicator is set to "00" no CUG call. No 
mapping of <networklndicator> and <cuglnterlockBinaryCode> into Closed User Group 
interlock code. 


SIP Parameter 
values: 


INVITE: 
<cug> 

<networklndicator>[PIXIT]</networklndicator> 

<cuglnterlockBinaryCode>[PIXIT]</cuglnterlockBinaryCode> 

<cugCommunicationlndicator>01</cugCommunicationlndicator> 

</cug> 


ISUP Parameter 
values: 


lAM: 

Optional Forward Call Indicator CUG call indicator = "00" 

When optional forward call indicator have to be sent in case of an other indicator is not set 

to "0" 


Comments: 


SIP SUT ISUP 

INVITE ^ ^ lAM 
180 Ringing ACM 

Ringing tone 

200 OK INVITE «■ «■ ANM 
ACK ^ 

Conversation 

BYE «■ «■ REL 

200 OK BYE ^ ^ RLC 
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TP516003 



SIP reference: RFC 3261 [6] 



ISUP reference: 
ES 283 027 [1], clause 7.4.1 .1 



TSS reference: 



SIP-ISUP/SS/CUG/ 



SIP selection 
criteria: 



ISUP selection 
criteria: 



PICS 5/7 



Test purpose: 



Mapping of <cug> XML element in the received INVITE cugCommunicationlndicator value 
"10" 

Ensure that the <cugCommunicationlndicator> value "1 0" contained in the INVITE <cug> 
XML body is sent in a optional forward call indicator - CUG call indicator ="10". The XML 
<cug> <networklndicator> is mapped into the lAM Closed User Group interlock code 
Network indentity and the XML <cug> <cuglnterlockBinaryCode> is mapped into the 
lAM Closed User Group interlock code Binary code. 



SIP Parameter 
values: 



INVITE: 
<cug> 

<networklndicator>[PIXIT]</networklndicator> 

<cuglnterlockBinaryCode>[PIXIT]</cuglnterlockBinaryCode> 

<cugCommunicationlndicator>10</cugCommunicationlndicator> 

</cug> 



ISUP Parameter 
values: 



lAM: 

Optional Forward Call Indicator CUG call indicator = "10" 

Closed User Group interlock code 

Binary code derived from INVITE XML body <cuglnterlockBinaryCode> 
Network indentity derived from INVITE XML body <networklndlcator> 



Comments: 



SIP 




INVITE 




180 Ringing 




200 OK INVITE 




ACK 




BYE 




200 OK BYE 





SUT 



Ringing tone 



Conversation 



ISUP 
^ lAM 
«■ ACM 

«■ ANM 



«■ REL 

RLC 
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TP516004 



SIP reference: RFC 3261 [6] 



ISUP reference: 
ES 283 027 [1], clause 7.4.1 .1 



TSS reference: 



SIP-ISUP/SS/CUG/ 



SIP selection 
criteria: 



ISUP selection 
criteria: 



PICS 5/7 



Test purpose: 



Mapping of <cug> XML element in the received INVITE cugCommunicationlndicator value 
"11" 

Ensure that the <cugCommunicationlndicator> value "1 1 " contained in the INVITE <cug> 
XML body is sent in a optional forward call indicator - CUG call indicator ="11". The XML 
<cug> <networklndicator> is mapped into the lAM Closed User Group interlock code 
Network indentity and the XML <cug> <cuglnterlockBinaryCode> is mapped into the 
lAM Closed User Group interlock code Binary code. 



SIP Parameter 
values: 



INVITE: 
<cug> 

<networklndicator>[PIXIT]</networklndicator> 
<cuglnterlockBinaryCode>[PIXIT]</cuglnterlockBinaryCode> 
<cugCommunicationlndicator>1 1 </cugCommunicationlndicator> 

</cug> 



ISUP Parameter 
values: 



lAM: 

Optional Forward Call Indicator CUG call indicator = "11" 

Closed User Group interlock code 

Binary code derived from INVITE XML body <cuglnterlockBinaryCode> 
Network indentity derived from INVITE XML body <networklndlcator> 



Comments: 



SIP 




INVITE 




180 Ringing 




200 OK INVITE 




ACK 




BYE 




200 OK BYE 





SUT 



Ringing tone 



Conversation 



ISUP 
^ lAM 
«■ ACM 

«■ ANM 



«■ REL 

RLC 
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TP516005 



SIP reference: RFC 3261 [6] 



ISUP reference: 
7.4.1.1 



TSS reference: 



SIP-ISUP/SS/CUG/ 



SIP selection 
criteria: 



ISUP selection 
criteria: 



NOT PICS 5/7 



Test purpose: 



Mapping of <cug> XML element in tlie received INVITE cugCommunicationlndicator value 
"10". The PSTN/ISDN network does not support CUG. 

Ensure that the <cugCommunicationlndicator> value "1 0" contained in the INVITE <cug> 
XML body is not sent in a optional fonward call indicator - CUG call indicator ="10" when 

the PSTN/ISDN does not support CUG. If the optional forward call indicator have to be 
sent, the CUG call indicator is set to "00" no CUG call. No mapping of <networklndicator> 
and <cuglnterlockBinaryCode> into Closed User Group interlock code. 



SIP Parameter 
values: 



INVITE: 
<cug> 

<networklndicator>[PIXIT]</networklndicator> 

<cuglnterlockBinaryCode>[PIXIT]</cuglnterlockBinaryCode> 

<cugCommunicationlndicator>10</cugCommunicationlndicator> 

</cug> 



ISUP Parameter 
values: 



lAM: 

Optional Forward Call Indicator CUG call indicator = "00" 

If optional fonward call indicator have to be sent in case of an other indicator is not set to 

"0" 



Comments: 



SIP 




INVITE 




180 Ringing 




200 OK INVITE 




ACK 




BYE 




200 OK BYE 





SUT 



Ringing tone 



Conversation 



ISUP 
^ lAM 
«■ ACM 

«■ ANM 



«■ REL 
^ RLC 



TP516006 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.4.1.1 


TSS reference: 


SIP-ISUP/SS/CUG/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 


NOT PICS 5/7 


Test purpose: 


Mapping of <cug> XML element in the received INVITE cugCommunicationlndicator value 
"1 1 ". The PSTN/ISDN network does not support CUG. 

Ensure that the <cugComnnunicationlndicator> value "11" contained in the INVITE <cug> 
XML body is sent in a optional forward call indicator - CUG call indicator ="11". The XML 
<cug> <networklndlcator> is mapped into the lAM Closed User Group interlock code 
Network indentity and the XML <cug> <cuglnterlockBinaryCode> is mapped into the 
lAM Closed User Group interlock code Binary code. 


SIP Parameter 
values: 


INVITE: 
<cug> 

<networklndicator>[PIXIT|</networklndicator> 
<cuglnterlockBinaryCode>[PIXIT]</cuglnterlockBinaryCode> 
<cugCommunicationlndicator>1 1 </cugCommunicationlndicator> 

</cug> 


ISUP Parameter 
values: 




Comments: 


SIP SUT ISUP 

INVITE ^ 
403 Forbidden «■ 
ACK ^ 
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6.3.2 Interworking from ISUP to SIP (Outgoing Call) 
6.3.2.1 Calling Line Identification (CLI) 



TP601001 



SIP reference: RFC 3261 [6] 



ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.2.6 



TSS reference: 



ISUP-SIP/SS/CLI/ 



SIP selection 
criteria: 



ISUP selection 
criteria: 



Test purpose: 



No calling party number and no additional calling party number received 

Ensure that when the SUT has received an lAM message whereby Calling Party Number 

parameter and the Generic Number are not contained: 

• Sends an INVITE message without the "P-Asserted-ldentity header field", a 
"From header field" set to unavailable@anonymous.invalid and without a Privacy 
Header field. 



SIP Parameter 
values: 



INVITE: From <unavailable@anonymous> 



ISUP Parameter 

values: 



lAM: no Calling party number 



ISUP/BICC 




SUT 


SIP 


lAM 






INVITE 


ACM 


«■ 




180 Ringing 


ANM 


Ringing tone 
«■ 


Conversation 


200 OK INVITE 
ACK 


REL 






BYE 


RLC 






200 OK BYE 



Comments: 
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TP601002 



SIP reference: RFC 3261 [6] 



ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.2.6 



TSS reference: 



ISUP-SIP/SS/CLI/ 



SIP selection 
criteria: 



ISUP selection 
criteria: 



Test purpose: 



No calling party number and additional calling party number received 

Ensure that when the SUT has received an lAM message whereby Calling Party Number 
parameter is not contained and the Generic Number is contained whereby the address 
presentation restriction parameter is set to "presentation allowed" and the Nature of 
Address Indicator is set to NoAS_VALUE: 

• Sends an INVITE message without the "P-Asserted-ldentity header field", a 
"From header field" and no Privacy Header field. 



SIP Parameter 
values: 



P-Asserted-ldentity header field: not included: 

From header field: 

Tel or SIP URI: Addr_SPEC_ID Derived from Generic Number parameter Address 
Signals (AcgPN) 

Privacy header: is not included 



ISUP Parameter 
values: 



lAM: Generic Number: "additional calling party number" Nature of Address Indicator: 



Comments: 



ISUP/BICC 




SUT 


SIP 


lAM 






INVITE 


ACM 


«■ 




180 Ringing 


ANM 


Ringing tone 
«■ 


Conversation 


200 OK INVITE 
ACK 


REL 






BYE 


RLC 






200 OK BYE 
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TP601003 



SIP reference: RFC 3261 [6] 



ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.2.6 



TSS reference: 



ISUP-SIP/SS/CLI/ 



SIP selection 
criteria: 



ISUP selection 
criteria: 



Test purpose: 



No calling party number and additional calling party number presentation restricted 
received 

Ensure that when the SUT has received an lAM message whereby Calling Party Number 
parameter is not contained and the Generic Number is contained whereby the address 
presentation restriction parameter is set to "presentation restricted" and the Nature of 
Address Indicator is set to NoAS_VALUE: 

• Sends an INVITE message without the P-Asserted-ldentity header field, a From 
header field set to unavailable@anonymous. invalid and no Privacy Header field. 



SIP Parameter 

values: 



INVITE: From <unavailable@anonymous> 

P-Asserted-ldentity header field: not included: 
Privacy header: is not included 



ISUP Parameter 
values: 



lAM: Generic Number: "additional calling party number", Nature of Address Indicator: 
NoAS_VALUE APRI "presentation restricted" 



ISUP/BICC 




SUT 


SIP 


lAM 






INVITE 


ACM 


«■ 

Ringing tone 




180 Ringing 


ANM 


«■ 


Conversation 


200 OK INVITE 
ACK 


REL 






BYE 


RLC 






200 OK BYE 



Comments: 



Table 39 



Values for test purpose TP601003 




ISUP Parameter values: 


SIP Parameter values: 


VA_01 


lAM 


INVITE 




NoAS VALUE: " national (significant) 
number"(NDC+SN) 


FHf_Addr_SPECJD: CC (of the 
country where the MGCP is located) is 
added to the Generic Number Address 
Signals and then mapped to user 
portion of URI scheme 


VA_02 


lAM 


INVITE 




NoAS VALUE: " international number" 
("+"CC+NDC+SN) 


FHf_Addr_SPEC_ID: the complete 
GenericNumber Address Signals is 
mapped to the user portion of URI 
scheme used. 
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1 rovi UU4 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.2.6 


TSS reference: 


ISUP-SIP/SS/CLI/ 


SIP selection 






criteria: 






ISUP selection 






criteria: 






Test purpose: 


Calling party number presentation allowed and no additional calling party number 
received 

Ensure that when the SUT has received an lAM message, the Calling Party Number is 
contained whereby the Nature of Address Indicator is set to NoAS_VALUE the APRI is 
set to "presentation allowed" and the Generic Number is not contained: 




• Sends an INVITE message with the ' 
„Tel or SIP URI" is set to PAIh_Addr_ 


P-Asserted-ldentity header field" where the 
SPEC_ID, 




a "From header field" where the „Tel or SIP URI" is set to FHf_Addr_SPECJD 




without "Privacy Header field" or "id" is not included. 


SIP Parameter 
values: 


P-Asserted-ldentity header field: 

Tel or SIP URI: PAIh_Addr_SPEC_ID (Derived from Calling Party Number parameter 

Address Signals) 




From header field: Tel or SIP URI: 






Tel or SIP URI: PAIh_Addr_SPEC_ID (Derived from Calling Party Number parameter 
Address Signals) 




Privacy header: is not included or if included, "id" is not included 


ISUP Parameter 

i/o|||pe- 


lAM: Calling party number APRI "presentation allowed" 

no Generic Number: "Additional calling party number" 


Comments' 


ISUP/BICC SUT 


SIP 




lAM ^ 


^ INVITE 




ACM «■ 

Ringing tone 
ANM «■ 


«■ 180 Ringing 

«■ 200 OK INVITE 
^ ACK 




Conversation 




REL ^ 


^ BYE 




RLC «■ 


«■ 200 OK BYE 



Table 40 



Values for test purpose TP601004 




ISUP Parameter values: 


SIP Parameter values: 


VA_01 


lAM 

NoAS_VALUE: "national (significant) 
number"(NDC+SN) 


INVITE 

PAIh_Addr_SPECJD = FHf_Addr_SPEC_ID: Add CC (of the 
country where the MGCF is located) to CgPN Signals then map 
to user portion of URI scheme used 


VA_02 


lAM 

NoAS_VALUE: "international 
number" 

("+"CC+NDC+SN) 


INVITE 

PAIh_Addr_SPEG_ID= FHf_Addr_SPEC_ID: the complete to 
CgPN Signals is mapped to the user portion of URI scheme. 
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TP601005 



SIP reference: RFC 3261 [6] 



ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.2.6 



TSS reference: 



ISUP-SIP/SS/CLI/ 



SIP selection 
criteria: 



ISUP selection 
criteria: 



Test purpose: 



Calling party number presentation restricted and no additional calling party number received 
Ensure that when the SUT has received an lAIVI message, the Calling Party Number is contained 
whereby the Nature of Address Indicator is set to NoAS_VALUE the APRI is set to "presentation 
restricted" and the Generic Number is not contained: 

• Sends an INVITE message with the "P-Asserted-ldentity header field" where the „Tel or 
SIP URI" is set to PAIh_Addr_SPEC_iD, a "From header field" set to 
unavailable@anonymous. invalid and with Privacy Header field value "id". 



SIP Parameter 
values: 



P-Asserted-ldentity header field: 

Tel or SIP URI: PAIh_Addr_SPEC_ID (Derived from Calling Party Number parameter 
Address Signals) 

From header field: Tel or SIP URI 

Tel or SIP URI: unavailable@anonymous. invalid 

Privacy header: "Id". 



ISUP Parameter 

values: 



lAM: Calling party number APRI "presentation restricted" 



Comments: 



ISUP/BICC 




SUT 


SIP 


lAM 






INVITE 


ACM 


«■ 




180 Ringing 


ANM 


Ringing tone 
«■ 


Conversation 


200 OK INVITE 
ACK 


REL 






BYE 


RLC 






200 OK BYE 
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TroOl OUD 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.2.6 


TSS reference: 


ISUP-SIP/SS/CLI/ 


SIP selection 






criteria: 






ISUP selection 






criteria: 






Test purpose: 


Calling party number presentation restricted by the networl< and no additional calling party 
number received 

Ensure that when the SUT has received an lAM message, the Calling Party Number Is 
contained whereby the Nature of Address Indicator Is set to NoAS_VALUE the APRI Is 
set to "presentation restricted by the network" and the Generic Number Is not contained: 




• Sends an INVITE message with the ' 
„Tel or SIP URI" is set to PAIh_Addr_ 


P-Asserted-ldentity header field" where the 

_SPEC_ID, a "From header field" set to 




unavailable@hostportion and with Privacy Header field value "id". 


SIP Parameter 
values: 


P-Asserted-ldentity header field: 

Tel or SIP URI: PAIh_Addr_SPEG_ID (Derived from Galling Party Number parameter 
Address Signals) 




From header field: Tel or SIP URI 






Tel or SIP URI: unavallable@hostportion 






Privacy header: "id". 




ISUP Parameter 


lAM: Galling party number APRI "presentation restricted by the network" 
no Generic Number: "Additional calling party number" 


Commentfi' 


ISUP/BICC SUT 


SIP 




lAM ^ 


^ INVITE 




ACM «■ 


«■ 180 Ringing 




Ringing tone 
ANM «■ 


«■ 200 OK INVITE 
ACK 




Conversation 




REL ^ 


^ BYE 




RLC «■ 


«■ 200 OK BYE 



Table 41 



Values for test purpose TP601006 




ISUP Parameter values: 


SIP Parameter values: 


VA_01 


lAIVI 

NoAS_VALUE: "national (significant) 
number"(NDC+SN) 


INVITE 

PAIh_Addr_SPECJD = FHf_Addr_SPECJD: CC (of the 
country where the MGCP Is located) Is added to the CgPN 

Signals and then mapped to user portion of URI scheme 
used 


VA_02 


lAIVI 

NoAS VALUE: "international number" 
("+"CC+NDC+SN) 


INVITE 

PAIh_Addr_SPEC_ID= FHf_Addr_SPEC_ID: the complete to 
CgPN Signals Is mapped to the user portion of URI scheme. 
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TOfiAH Art? 

TroOl 007 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.2.6 


TSS reference: 


ISUP-SIP/SS/CLI/ 


SIP selection 






criteria: 






ISUP selection 






criteria: 






Test purpose: 


Calling party number presentation allowed and an additional calling party number 
received 

Ensure that when the SUT has received an lAM message, the Calling Party Number is 
contained whereby the Nature of Address Indicator is set to NoAS_VALUE the APRI is 
set to "presentation allowed" and the Generic Number is contained: 

• Sends an INVITE message with the "P-Asserted-ldentity header field", where the 
„Tel or SIP URI" is set to PAIh_Addr_SPEC_ID "From header field" where the 
„Tel or SIP URI" is set to FH_Addr_SPEC_ID and without "Privacy Header field" 
or "id" is not included. 


SIP Parameter 


P-Asserted-ldentity header field: 




values: 


Tel or SIP URI: PAIh_Addr_SPEC_ID (Derived from Calling Party Number parameter 

Address Signals) 




From header field: Tel or SIP URI 






Tel or SIP URI: FH_Addr_SPEC_ID (Derived from Generic Number parameter 
Address Signals (AcgPN)) 




Privacy header: is not included or if included, "id" is not included. 


ISUP Parameter 
hbvalues: 


lAM: Calling party number APRI "presentation allowed" 

Generic Number: "additional calling party number" Nature of Address Indicator: 
CP NoAS VALUE 


Comm^nt^' 


ISUP/BICC SUT 


SIP 




lAM ^ 


^ INVITE 




ACM «■ 


«■ 180 Ringing 




Ringing tone 
ANM «■ 


«■ 200 OK INVITE 
^ ACK 




Conversation 




REL ^ 


BYE 




RLC «■ 


«■ 200 OK BYE 
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TroOl OUo 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.2.3.1.2.6 


TSS reference: 


ISUP-SIP/SS/CLI/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 




Test purpose: 


Calling party number presentation restricted and an additional calling party number 
received 

Ensure that when the SUT has received an lAM message, the Calling Party Number Is 
contained whereby the Nature of Address Indicator is set to NoAS_VALUE the APRI is 
set to presentation restricted and the Generic Number presentation allowed is included 

Sends an INVITE message with the 

"P- Assorted-Identity header field , where the "addr-spec" is set to PAIh_Addr_SPEC_ID 
"From header field" where the "addr-spec" is set to FH Addr SPEC ID and with 

"Privacy Header field =ld". 


SIP Parameter 
values: 


P-Asserted-ldentity header field: 

Tel or SIP URI: PAIh_Addr_SPEC_ID (Derived from Calling Party Number 
parameter Address Signals) 

From header field: addr-spec 

Tel or SIP URI: FH_Addr_SPEC_ID (Derived from Generic Number 
parameter Address Signals (AcgPN)) 




Privacy header: "id" 




ISUP Parameter 
values: 


lAM: Calling party number APRI "presentation restricted" 

Generic Number: "additional calling party number" Nature of Address Indicator: 
CP NoAS VALUE APRI: presentation restricted 


Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 
ACM «■ «■ 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 



Table 42 



Values for test purpose TP601007; TP601008 


Test 

purposes 


ISUP Parameter values: 


SIP Parameter values: 




VA_01 


lAM 

NoAS_VALUE: "national 
(significant) number"(NDC+SN) 


INVITE 

FHf_Addr_SPEG_ID: Add CC (of the 
country where the MGCP is located) 
to Additional calling party number 
Signals then map to user portion of 
URI scheme used 


INVITE 

PAlh_Addr_SPEC_ID: Add CO 
(of the country where the MGCP 
is located) to Calling party 
number Signals then map to user 
portion of URI scheme used 


VA_02 


lAM 

NoAS_VALUE: "international 
number" 

("+"CC+NDC+SN) 


INVITE 

FHf_Addr_SPEC_ID: the complete 
Additional calling party number 
Address Signals is mapped to the 

user portion of URI scheme. 


INVITE 

PAIh_Addr_SPEC_ID: the 
complete Calling party number 
Address Signals is mapped to 
the user portion of URI scheme 
used. 
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6.3.2.2 



Call Hold (HOLD) 



TP602001 



SIP reference: RFC 3261 [6] 



ISUP reference: 
7.4.10/[14] 



TSS reference: 



ISUP-SIP/SS/HOLD/ 



SIP selection 
criteria: 



PICS 8/4 



ISUP selection 
criteria: 



PICS 5/22 



Test purpose: 



Each party can hold and retrieve the remote party in the confirmed state 

Ensure that a party can put the other party on hold at any time after the call is answered 
and before call clearing has begun. Ensure that a party can retrieve the call previously put 
on hold. 

The calling party should be able to put the other party on hold 
The calling party should be able to retrieve the other party 
The called party should be able to put the other party on hold 

The called party should be able to retrieve the other party 



SIP Parameter 
values: 



SDP: a=sendonly (put on hold) 

a=sendrecv or omitted (retrieve the call 
0= . . <version incremented> 



ISUP Parameter 
values: 



ORG: Generic notification: remote hold Event indicator PROGRESS (put on hold) 

Generic notification: remote retrieval event indicator PROGRESS (retrieve the call) 



Comments: 



ISUP/BICC 




MGCF 




SIP 


lAM 








INVITE 


ACM 








180 Ringing 


ANM 








200 OK INVITE 


CPG(hold) 








INVITE(sendonly) 










200 OK INVITE(recvonly) 


CPG(retrieve) 








INVITE(sendrecv) 










200 OK INVITE(sendrecv) 


CPG(hold) 








INVITE(sendonly) 










200 OK INVITE(recvonly) 


CPG(retrieve) 


«■ 






INVITE(sendrecv) 










200 OK INVITE(sendrecv) 
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SIP reference: RFC 3261 [6] 


ISUP reference: 
7.4.10/[14] 


TSS reference: 


ISUP-SIP/SS/HOLD/ 


SIP selection 
criteria: 


PIGS 8/4 AND PIGS 8/1 


ISUP selection 
criteria: 


PIGS 5/22 


Test purpose: 


The calling party can hold and retrieve the remote party in the early dialogue 

Ensure that a party can put the other party on hold in the alerting state. Ensure that the 
party can retrieve the call previously put on hold. 

The calling party should be able to put the other party on hold 
The calling party should be able to retrieve the other party 


SIP Parameter 
values: 


SDP: a=sendonly (put on hold) 

a=sendrecv or omitted (retrieve the call) 
0= . . <version incremented> 


ISUP Parameter 
values: 


CPG: Generic notification: remote hold Event indicator PROGRESS (put on hold) 

Generic notification: remote retrieval event indicator PROGRESS (retrieve the call) 


Comments: 


ISUP/BICC MGCF SIP 

lAM ^ ^ INVITE 
ACM «■ «■ 180 Ringing 




CPG(hold) ^ 


^ UPDATE(sendonly) 

«■ 200 OK UPDATE(recevonly) 




CPG(retrieve) ^ 


■» UPDATE(sendrecv) 

«■ 200 OK UPDATE(sendrecv) 



TP602003 



SIP reference: RFC 3261 [6] 



ISUP reference: 
7.4.10/[14] 



TSS reference: 



ISUP-SIP/SS/HOLD/ 



SIP selection 
criteria: 



PIGS 8/4 



ISUP selection 
criteria: 



PIGS 5/22 



Test purpose: 



HOLD indication in SDP in an UPDATE received 

Ensure that a party can put the other party on hold after the calling user has provided all of 
the information necessary for processing the call. Ensure that the party can retrieve the 

call previously put on hold. 

The calling party should be able to put the other party on hold 

The calling party should be able to retrieve the other party 



SIP Parameter 
values: 



SDP: a=sendonly (put on hold) 

a=sendrecv or omitted (retrieve the call 

0= . <version incremented> 



ISUP Parameter 
values: 



ACM: called party status: no indication 

CPG: Generic notification: remote hold Event indicator PROGRESS (put on hold) 

Generic notification: remote retrieval event indicator PROGRESS (retrieve the call) 



Comments: 



ISUP/BICC 




MGCF 




SIP 


lAM 








INVITE 


ACM 








180 Ringing 


ANM 


«■ 




«■ 


200 OK INVITE 


CPG(hold) 


«■ 




«■ 


UPDATE(sendonly) 










200 OK UPDATE(recevonly) 


CPG(retrieve) 








UPDATE(sendrecv) 










200 OK UPDATE(sendrecv) 
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SIP reference: RFC 3261 [6] 


ISUP reference: 
7.4.10/[14] 


TSS reference: 


ISUP-SIP/SS/HOLD/ 


SIP selection 
criteria: 


PIGS 8/4 AND PIGS 8/3 


ISUP selection 
criteria: 


PIGS 5/22 


Test purpose: 


The SUTuses the UPDATE method to indicate HOLD in the SDP 

Ensure that a party can put the other party on hold in the alerting state. Ensure that the 
party can retrieve the call previously put on hold. 

The calling party should be able to put the other party on hold 
The calling party should be able to retrieve the other party 


SIP Parameter 
values: 


SDP: a=sendonly (put on hold) 

a=sendrecv or omitted (retrieve the call) 
0= . . <version incremented> 


ISUP Parameter 
values: 


CPG: Generic notification: remote hold Event indicator PROGRESS (put on hold) 

Generic notification: remote retrieval event indicator PROGRESS (retrieve the call) 


Comments: 


ISUP/BICC MGCF SIP 

lAM ^ ^ INVITE 
AGM «■ «■ 180 Ringing 
ANM «■ «■ 200 OK INVITE 




GPG(hold) 


^ UPDATE(sendonly) 

«■ 200 OK UPDATE(recevonly) 




GPG(retrieve) 


■» UPDATE(sendrecv) 

«■ 200 OK UPDATE(sendrecv) 
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TP602005 



SIP reference: RFC 3261 [6] 



ISUP reference: 
7.4.10/[14] 



TSS reference: 



ISUP-SIP/SS/HOLD/ 



SIP selection 
criteria: 



PICS 8/4 



ISUP selection 
criteria: 



PICS 5/22 



Test purpose: 



Each party can hold and retrieve the remote party in the confirmed state 

Ensure that a party can put the other party on hold at any time after the call is answered 
and before call clearing has begun. Ensure that a party can retrieve the call previously put 
on hold. 

The calling party should be able to put the other party on hold 
The called party should be able to put the other party on hold 

The calling party should be able to retrieve the other party 

The called party should be able to retrieve the other party 



SIP Parameter 
values: 



SDP: a=sendonly (put on hold) 

a=sendrecv or omitted (retrieve the call 
0= . . <version incremented> 



ISUP Parameter 
values: 



CPG: Generic notification: remote hold Event indicator PROGRESS (put on hold) 

Generic notification: remote retrieval event indicator PROGRESS (retrieve the call) 



Comments: 



ISUP/BICC 




MGCF 




SIP 


lAM 








INVITE 


ACM 








180 Ringing 


ANM 








200 OK INVITE 


CPG(hold) 








INVITE(sendonly) 










200 OK INVITE(recvonly) 


CPG(hold) 








INVITE(inactive) 










200 OK INVITE(inactive) 


CPG(retrieve) 








INVITE(recvonly) 










200 OK INVITE(sendonly) 


CPG(retrieve) 








INVITE(sendrecv) 










200 OK INVITE(sendrecv) 
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TP602006 



SIP reference: RFC 3261 [6] 



ISUP reference: 
7.4.10/[14] 



TSS reference: 



ISUP-SIP/SS/HOLD/ 



SIP selection 
criteria: 



PICS 8/4 



ISUP selection 
criteria: 



PICS 5/22 



Test purpose: 



Each party can hold and retrieve the remote party in the confirmed state 

Ensure that a party can put the other party on hold at any time after the call is answered 
and before call clearing has begun. Ensure that a party can retrieve the call previously put 

on hold. 

The calling party should be able to put the other party on hold 
The called party should be able to put the other party on hold 
The called party should be able to retrieve the other party 

The calling party should be able to retrieve the other party 



SIP Parameter 
values: 



SDP: a=sendonly (put on hold) 

a=sendrecv or omitted (retrieve the call 
0= . . <version incremented> 



ISUP Parameter 
values: 



CPG: Generic notification: remote hold Event indicator PROGRESS (put on hold) 

Generic notification: remote retrieval event indicator PROGRESS (retrieve the call) 



Comments: 



ISUP/BICC 




lUIGCF 




SIP 


lAM 








INVITE 


ACM 








180 Ringing 


ANM 








200 OK INVITE 


CPG(hold) 








INVITE(sendonly) 










200 OK INVITE(recvonly) 


CPG(hold) 








INVITE(inactive) 










200 OK INVITE(inactive) 


CPG(retrieve) 








INVITE(recvonly) 










200 OK INVITE(sendonly) 


CPG(retrieve) 








INVITE(sendrecv) 










200 OK INVITE(sendrecv) 



6.3.2.3 Terminal portability (TP) 

Void. 
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6.3.2.4 Conference calling (CONF) 



TP604001 


SIP reference: RFC 3261 [6] 


NGN reference: 
ES 283 027 [1], clause 7.4.14 


TSS reference: 


ISUP-SIP/SS/GONF/ 


SIP selection 
criteria: 


PICS 8/2 


ISUP selection 
criteria: 


PICS 5/10 


Test purpose: 


Establish and disconnect a Conference 

Ensure that the BUT does not stop the temporarily sending one or more unlcast media 
streams If a CFG message Generic notification Indicator with the value 
GEN_NOT_VALUE was received due to the CONF supplementary service. 


SIP Parameter 

values: 




ISUP Parameter 
values: 


GPG: Generic notification = GEN_NOT_VALUE 


Comments: 


ISUP/BICC SUT SIP 
lAI^ ^ ^ INVITE 

Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

CPG(Conference established) 
CPG(Conference disconnected) 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 



Table 43 



Values for test purpose TP604001, TP604002 


CPG^ 
Generic notification 
GEN NOT VALUE 




VA 01 


Conference established 




VA 02 


Conference disconnected 
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SIP reference: RFC 3261 [6] 






NGIM reference: 








ES 283 027 [1], clause 7.4.14 


TSS reference: 


ISUP-SIP/SS/CONF/ 


SIP selection 


PICS 8/2 










criteria: 












ISUP selection 


PICS 5/10 










criteria: 












Test purpose: 


Isolate and reattach a Conference 












Ensure that the SUT stop the temporarily sending one or more unlcast media streams If a 
CPG message Generic notification indicator with the value GEN_NOT_VALUE was 




received due to the CONF supplementary service. 






SIP Parameter 


SDP: a=a LINE VA (see table 43) or a line Is omitted 




values: 














CPG: Generic notification = Conference established 






values' 


CPG: Generic notification = GEN 


NOT VALUE 






Comments' 


ISUP/BICC 


SUT 




SIP 




lAIVI 








INVITE 




ACM «■ 

Ringing tone 
ANM «■ 






180 Ringing 
200 OK INVITE 












ACK 






Conversation 








CPG(Conference established) 












CPG(lsolated) 








INVITE(sendonly) 

200 OK iNVITE(recvonly) 

ACK 




CPG(Reattached) 








INVITE(sendrecv) 

200 OK INVITE(sendrecv) 

ACK 




CPG(Conference disconnected) 


Conversation 








REL 








BYE 




RLC 








200 OK BYE 



Table 44 



Values for test purpose TP604001, TP604002 


CPG^ 
Generic notification 
GEN_NOT_VALUE 


INVITE/UPDATE^ 
SDP attribute line 

a_LINE_VA 


VA 01 


isolated 


sendonly or inactive 


VA 02 


reattached 


sendrecv or recvonly or omitted 
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TP604003 



SIP reference: RFC 3261 [6] 



ISUP reference: 
ITU-T Rec Q.I 91 2.5 [32], annex B.I 4 
ITU-T Rec Q.734.1 [34], clause 1.7 



TSS reference: 



ISUP-SIP/SS/CONF/ 



SIP selection 
criteria: 



iSUP selection 
criteria: 



NOT PICS 5/10 



Test purpose: 



Mapping of isolated and reattached not supported 

Ensure that the MGCF can receive in a CPG the Generic notifications "isolated" and 
"reattached", no mapping on the SIP side and the call is not disrupted. 

No mapping, no disrupting the SIP procedure. 



SIP Parameter 

values: 



No mapping 



ISUP Parameter 
values: 



CPG 
CPG 
CPG 
CPG 



Generic notification = Conference established 

Generic notification = isolated 

Generic notification = reattached 

Generic notification = Conference disconnected 



Comments: 



ISUP/BICC 

lAM 
ACM 

ANM 



SUT 



Ringing tone 



SIP 

INVITE 
180 Ringing 

200 OK INVITE 
ACK 



Conversation 



CPG(Conference established) 

CPG(lsolated) ^ 

CPG(Reattached) ^ 

CPG(Conference disconnected) 

REL ^ 

RLC «■ 



Conversation 



BYE 

200 OK BYE 
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TP604004 



SIP reference: RFC 3261 [6] 



ISUP reference: 
ITU-T Rec Q.I 91 2.5 [32], annex B.I 4 
ITU-T Rec Q.734.1 [34], clause 1.7 



TSS reference: 



ISUP-SIP/SS/CONF/ 



SIP selection 
criteria: 



iSUP selection 
criteria: 



NOT PICS 5/10 



Test purpose: 



No mapping of generic notifications no cfiange tfie session state 

Ensure that the MGCF can receive in a CPG the Generic notifications is "other party 
added" or "other party isolated" or "other party reattached" or "other party split" or " 
conference floating" or " other party disconnected" and there is no mapping on the SIP 
side and the call is not disrupted. 

No mapping, no disrupting the SIP procedure. 



SIP Parameter 

values: 



No mapping 



ISUP Parameter 
values: 



CPG 
CPG 
CPG 
CPG 



Generic notification = Conference established 

Generic notification = isolated 

Generic notification = reattached 

Generic notification = Conference disconnected 



Comments: 



ISUP/BICC 

lAM 
ACM 

ANM 



SUT 



Ringing tone 



SIP 

^ INVITE 
180 Ringing 

«■ 200 OK INVITE 
^ ACK 



Conversation 



CPG(Conference established) 

CPG(other party added) ^ 

CPG(other party isolated) 

CPG(other party reattached) 

CPG(other party split) 

CPG(other party disconnected) 

CPG(Conference floating) 

CPG(Conference disconnected) ■* 

REL ^ 
RLC «■ 



Conversation 



^ BYE 

«■ 200 OK BYE 
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TP004005 


SIP reference: RFC 3261 [6] 


ISUP reference: 

ES 283 027 [1], clause 7.4.1.1.1 


TSS reference: 


ISUP-SIP/SS/CONF/ 


SIP selection 
criteria: 


PICS 1/1 


ISUP selection 
criteria: 




Test purpose: 


Conference notification information is mapped into "conference establisfied" 

Upon the receipt of a conference information document with the <conference-state-type> 
element active is set to "true", the MGCF shall send a CPG message to the CS side with a 
notification "conference established'. 


SIP Parameter 
values: 


NOTIFY 1 : Event contains conference; Subscription-State contains active; 
expires=xxxx 

application/conference-info+xml: 
<conference-info> 

entity=conference URI state="fuir' version="x" 
<conference-state> 

<user-count>2</user-count> if present 
<active>true</active> if present 
<users> 

<iysef entity=ISUPx URI state="full" 
<endpoint entity=endpoint ISUPx URI 
<status>connected</status> 
<joining-method>dialed-out</joining-method> 
<media id="1" 

<status>sendrecv</status> 
<user entity=SIPx URI state="full" 
<endpoint entity=endpoint SIPx URI 
<status>connected</status> 
<joining-method>dialed-in</ joining-method> 
<media id="1" 

<status>sendrecv</status> 


ISUP Parameter 
values: 


CPG(Conference established) 


Comments: 


ISUP 

lAM 

ACM «■ 
ACM «■ 


MGCF SIP 

INVITE 
«■ 180 Ringing 
«■ 200 OK INVITE 




CPG(Conference established) 


«■ NOTIFY 1 

^ 200 OK NOTIFY 




REL ^ 
RLC «■ 


^ BYE 

«■ 200 OK BYE 
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TPo0400d 


SIP reference: RFC 3261 [6] 


ISUP reference: 

ES 283 027 [1], clause 7.4.1.1.1 


TSS reference: 


ISUP-SIP/SS/CONF/ 


SIP selection 
criteria: 


PICS 1/1 


ISUP selection 
criteria: 




Test purpose: 


Conference notification information is mapped into "conference establisfied" 

Upon the receipt of a conference information document with the <enclpoint-type> and the 
element status of endpoint-status-type is set to "connected" and it was not set to "on-hold" 
before and the Contact URI in the element entity is not the address of the served 
PSTN/ISDN participant, the MGCF shall send a CPG message to the CS side with a 
notification "other party added". 


SIP Parameter 
values: 


NOTIFY 1 : see test case TP604006 

NOTIFY 2: Event contains conference; Subscription-State contains active 
application/conference-info+xml: 

<conference-info> 

entity=conference URI state="fuir' version="x" 
<conference-state> 

<user-count>y</user-count> if present 
<users> 

<i;sefentity=SIPx URI state="full" 
<endpoint entity=endpoint SIPx URI 
<status>connected</status> 

<joining-method>dialed-out</ joining-method> 
<media id="1" 

<status>sendrecv</status> 


ISUP Parameter 
values: 


CPG(other party added) 


Comments: 


ISUP 

lAM 

ACM «■ 
ACM «■ 


MGCF SIP 

^ INVITE 
«■ 180 Ringing 
«■ 200 OK INVITE 




CPG(Conference established) 


«■ NOTIFY 1 

^ 200 OK NOTIFY 




CPG(other party added) «■ 


«■ NOTIFY 2 

^ 200 OK NOTIFY 




REL ^ 
RLC «■ 


^ BYE 

«■ 200 OK BYE 



ETSI 



320 



ETSI TS 186 009-2 V2.1.1 (2009-03) 



1 rOU4UU7 


SIP reference: RFC 3261 [6] 


ISUP reference: 

ES 283 027 [1], clause 7.4.1.1.1 


TSS reference: 


ISUP-SIP/SS/CONF/ 


SIP selection 
criteria: 


PICS 1/1 


ISUP selection 
criteria: 




Test purpose: 


Conference notification information is mapped into "isolated" 

Upon the receipt of a conference information document with the <endpoint-type> and the 
element status of endpoint-status-type is set to "on-hold" and it was set to "connected" 
before and the Contact URI in the element entity is the address of the served PSTN/ISDN 
participant, the MGCF shall send a CPG message to the CS side with a notification 
"isolated". 


SIP Parameter 
values: 


NOTIFY 1 : see test case TP604006 

NOTIFY 2: Event contains conference; Subscription-State contains active 
application/conference-info+xml: 

<conference-info> 

entity=conference URI state="fuir' version="x" 
<conference-state> 

<user-count>2</user-count> if present 
<users> 

<i;sefentity=ISUPx URI state="fuH" 
<endpoint entity=endpoint ISUPx URI 
<status>on-hold</status> 

<joining-method>dialed-out</ joinjng-method> 
<media id="1" 

<status>sendrecv</status> 


ISUP Parameter 
values: 


CPG(isolated) 


Comments: 


ISUP 

lAM 

ACM «■ 
ACM «■ 


MGCF SIP 

^ INVITE 
«■ 180 Ringing 
«■ 200 OK INVITE 




CPG(Conference established) 


«■ NOTIFY 1 

^ 200 OK NOTIFY 




CPG(isolated) «■ 


«■ NOTIFY 2 

^ 200 OK NOTIFY 




REL ^ 
RLC «■ 


^ BYE 

«■ 200 OK BYE 
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TPo0400o 


SIP reference: RFC 3261 [6] 


ISUP reference: 

ES 283 027 [1], clause 7.4.1.1.1 


TSS reference: 


ISUP-SIP/SS/CONF/ 


SIP selection 
criteria: 


PICS 1/1 


ISUP selection 
criteria: 




Test purpose: 


Conference notification information is mapped into "ottier party isolated" 
Upon the receipt of a conference information document witli the <endpoint-type> and the 
element status of endpoint-status-type is set to "on-hold" and it was set to "connected" 
before and the Contact URI in the element entity Is not the address of the served 
PSTN/ISDN participant, the MGCF shall send a CFG message to the CS side with a 
notification "other party isolated'. 


SIP Parameter 
values: 


NOTIFY 1 : see test case TP604006 

NOTIFY 2: Event contains conference; Subscription-State contains active 
application/conference-info+xml: 
<conference-info> 

entity=conference URI state="fuH" version="x" 
<conference-state> 

<user-count>2</user-count> if present 
<users> 

<iysef entity=SIPx URI state="full" 
<endpoint entity=endpoint SIPx URI 
<status>on-hold</status> 
<joining-method>dialed-out</joining-method> 
<media id="1" 

<status>sendrecv</status> 


ISUP Parameter 
values: 


CPG(other party isolated) 


Comments: 


ISUP 

lAM ^ 
ACM «■ 
ACM «■ 


MGCF SIP 

^ INVITE 
«■ 180 Ringing 
«■ 200 OK INVITE 




CPG(Conference established) 


«■ NOTIFY 1 

^ 200 OK NOTIFY 




CPG(other party isolated) «■ 


«■ NOTIFY 2 

^ 200 OK NOTIFY 




REL ^ 
RLC «■ 


^ BYE 

«■ 200 OK BYE 
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TPo04u09 


SIP reference: RFC 3261 [6] 


ISUP reference: 

ES 283 027 [1], clause 7.4.1.1.1 


TSS reference: 


ISUP-SIP/SS/CONF/ 


SIP selection 
criteria: 


PICS 1/1 


ISUP selection 
criteria: 




Test purpose: 


Conference notification information is mapped into "reattactied" 

Upon the receipt of a conference information document witii Vne <endpoint-type> and tine 
element status of endpoint-status-type is set to "connected" and it was set to "on-hold" 
before and the Contact URI in the element entity \s the address of the served PSTN/ISDN 
participant, the MGCF shall send a CPG message to the CS side with a notification 
"reattached". 


SIP Parameter 
values: 


NOTIFY 1 : see test case TP604006 

NOTIFY 2: Event contains conference; Subscription-State contains active 
application/conference-info+xml: 
<conference-info> 

entity=conference URI state="fuH" version="x" 
<conference-state> 

<user-count>2</user-count> if present 
<users> 

<iysef entity=ISUPx URI state="full" 
<endpoint entity=endpoint ISUPx URI 
<status>on-hold</status> 
<joining-method>dialed-out</joining-method> 
<media id="1" 

<status>sendrecv</status> 
NOTIFY 3: Event contains conference; Subscription-State contains active 
application/conference-info+xml: 
<conference-info> 

entity=conference URI state="fuH" version="x" 
<conference-state> 

<user-count>2</user-count> if present 
<users> 

<tjser entity=ISUPx URI state="full" 
<endpoint entity=endpoint ISUPx URI 
<status>connected</status> 

<joining-method>dialed-out</ joining-method> 
<media id="1" 

<status>sendrecv</status> 


ISUP Parameter 
values: 


CPG(reattached) 


Comments: 


ISUP 

lAM ^ 
ACM «■ 
ACM «■ 


MGCF SIP 

^ INVITE 
*■ 180 Ringing 
«■ 200 OK INVITE 




CPG(Conference established) 


«■ NOTIFY 1 

^ 200 OK NOTIFY 




CPG(isolated) «■ 


«■ NOTIFY 2 

^ 200 OK NOTIFY 




CPG(reattached) «■ 


«■ NOTIFY 3 

^ 200 OK NOTIFY 




REL ^ 
RLC «■ 


^ BYE 

«■ 200 OK BYE 
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1 rOU4U1 U 


SIP reference: RFC 3261 [6] 


ISUP reference: 

ES 283 027 [1], clause 7.4.1.1.1 


TSS reference: 


ISUP-SIP/SS/CONF/ 


SIP selection 
criteria: 


PICS 1/1 


ISUP selection 
criteria: 




Test purpose: 


Conference notification information is mapped into "reattactied" 

Upon the receipt of a conference information document witii the <endpoint-type> and the 
element status of endpoint-status-type is set to "connected" and it was set to 
"on-hold" before and the Contact URI in the element entity \s not the address of the served 
PSTN/ISDN participant, the MGCF shall send a CFG message to the CS side with a 
notification "other party reattached'. 


SIP Parameter 
values: 


NOTIFY 1 : see test case TP604006 

NOTIFY 2: Event contains conference; Subscription-State contains active 
application/conference-info+xml: 
<conference-info> 

entity=conference URI state="fuir' version="x" 
<conference-state> 

<user-count>2</user-count> if present 
<users> 

<iysef entity=SIPx URI state="full" 
<endpoint entity=endpoint SIPx URI 
<status>on-hold</status> 
<joining-method>dialed-out</joining-method> 
<media id="1" 

<status>sendrecv</status> 
NOTIFY 3: Event contains conference; Subscription-State contains active 
application/conference-info+xml: 
<conference-info> 

entity=conference URI state="fuH" version="x" 
<conference-state> 

<user-count>2</user-count> if present 
<users> 

<tjser entity=SIPx URI state="full" 
<endpoint entity=endpoint SIPx URI 
<status>connected</status> 
<joining-method>dialed-out</ joining-method> 
<media id="1" 

<status>sendrecv</status> 


ISUP Parameter 
values: 


CPG(other party reattached) 


Comments: 


ISUP 

lAM ^ 
ACM «■ 
ACM «■ 


MGCF SIP 

^ INVITE 
*■ 180 Ringing 
«■ 200 OK INVITE 




CPG(Conference established) 


«■ NOTIFY 1 

^ 200 OK NOTIFY 




CPG(other party isolated) «■ 


«■ NOTIFY 2 

^ 200 OK NOTIFY 




CPG(other party reattached) 


«■ NOTIFY 3 

^ 200 OK NOTIFY 




REL ^ 
RLC «■ 


^ BYE 

«■ 200 OK BYE 
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1 rOU4U1 1 


SIP reference: RFC 3261 [6] 


ISUP reference: 

ES 283 027 [1], clause 7.4.1.1.1 


TSS reference: 


ISUP-SIP/SS/CONF/ 


SIP selection 
criteria: 


PICS 1/1 


ISUP selection 
criteria: 




Test purpose: 


Conference notification information is mapped into "otiier party disconnected" 
Upon the receipt of a conference information document with the <endpoint-type> and the 
element status of endpoint-status-type is set to "disconnected" and the element joining- 
metliod of joining-type is not set to "focus-owner, the MGCF shall send a CPG message to 
the CS side with a notification "other party dlsconnectecf. 


SIP Parameter 
values: 


NOTIFY 1 : see test case TP604006 

NOTIFY 2: Event contains conference; Subscription-State contains active 
application/conference-info+xml: 
<conference-info> 

entity=conference URI state="fuir' version="x" 

<conference-state> 

<user-count>y</user-count> if present 
<users> 

<userentity=SIPx URI state="full" 
<endpoint entity=endpoint SIPx URI 
<status>connected</status> 
<joining-method>dialed-out</ joining-method> 
<media id="1" 

<status>sendrecv</status> 
NOTIFY 3: Event contains conference; Subscription-State contains active 
application/conference-info+xml: 
<conference-info> 

entity=conference URI state="fuir' version="x" 
<conference-state> 

<user-count>1</user-count> if present 
<users> 

<use/-entity=SIPx URI state="full" 
<endpoint entity=endpoint SIPx URI 
<status>dlsconnected</status> 
<joining-method>dialed-out</joining-method> 
<disconnection-method>booted<disconnection-method/> 
<media id="1" 

<status>sendrecv</status> 


ISUP Parameter 
values: 


CPG(other party disconnected) 


Comments: 


ISUP 

lAM ^ 
ACM «■ 
ACM «■ 


MGCF SIP 

^ INVITE 
*■ 180 Ringing 
«■ 200 OK INVITE 




CPG(Conference established) 


«■ NOTIFY 1 

^ 200 OK NOTIFY 




CPG(other party added) «■ 


«■ NOTIFY 2 

^ 200 OK NOTIFY 




CPG(other party disconnected) 


«■ NOTIFY 3 

^ 200 OK NOTIFY 




REL ^ 
RLC «■ 


^ BYE 

«■ 200 OK BYE 
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1 rOU4U1 i. 


SIP reference: RFC 3261 [6] 


ISUP reference: 

ES 283 027 [1], clause 7.4.1.1.1 


TSS reference: 


ISUP-SIP/SS/CONF/ 


SIP selection 
criteria: 


NOT PICS 1/1 


ISUP selection 
criteria: 




Test purpose: 


Conference notification information is not mapped to PSTN 

Upon the receipt of a conference information document tlie conference notification 

information is not mapped to the PSTN side. No NOTIFY is sent to the ISDN user. 


SIP Parameter 
values: 


NOTIFY 1 : Event contains conference; Subscription-State contains active; 
explres=xxxx 

NOTIFY 1 : see test case TP604006 

NOTIFY 2: Event contains conference; Subscription-State contains active 
application/conference-info+xml: 
<conference-info> 

entity=conference URI state="fuH" version="x" 

<conference-state> 

<user-count>y</user-count> if present 
<users> 

<userentity=SIPx URI state="full" 
<endpoint entity=endpoint SIPx URI 
<status>connected</status> 
<joining-method>dialed-out</ joining-method> 

<media id="1" 

<status>sendrecv</status> 


ISUP Parameter 
values: 


CPG(other party added) 


Comments: 


ISUP 

lAM ^ 
ACM «■ 
ACM «■ 


MGCF SIP 

^ INVITE 

180 Ringing 
«■ 200 OK INVITE 

«■ NOTIFY 1 

^ 200 OK NOTIFY 

«■ NOTIFY 2 

^ 200 OK NOTIFY 




REL ^ 
RLC «■ 


^ BYE 

«■ 200 OK BYE 



TP604013 


SIP reference: RFC 3261 [6] |ISUP reference: 


TSS reference: 


ISUP-SIP/SS/CONF/ 


SIP selection criteria: 




ISUP selection criteria: 




Test purpose: 


Tlie referring of MGCF is not possibie wlien a cali is establisiied 

Ensure that a REFER request received by the MGCF is not successful. The request 
is rjected with . 403 Forbidden. The CS -site is not affected. 


SIP Parameter values: 


REFER: Request URI contained the conference URI 

Refer-To contains the URI of ISUPx, method=invite 
Referred-By contains SIP or tel URI of SIPx 


ISUP Parameter 
values: 


CPG(Conference established) 


Comments: 


ISUP MGCF SIP 

lAM ^ ^ INVITE 
ACM «■ «■ 180 Ringing 
ACM «■ «■ 200 OK INVITE 

«■ REFER 

■» 403 Forbidden 
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6.3.2.5 Three Party service (3PTY) 



TP605001 


SIP reference: RFC 3261 [6] NGN reference: 

ES 283 027 [1], clause 7.4.15 


TSS reference: 


ISUP-SIP/SS/3PTY/ 


SIP selection 
criteria: 


PICS 8/2 


ISUP selection 
criteria: 


PICS 5/5 AND PICS 5/18 


Test purpose: 


The media stream is resumed if a 3PTY is established 

• Ensure that the SUT resumes the media stream put on hold while the GPG (hold) 
was recived and sends a re-INVITE containing an a-line in the SDP is set to 
"sendrecv" if a CPG (Conference established) was received 


SIP Parameter 
values: 


SDP: a= a_LINE_VA (see table 45) or a line is omitted 


ISUP Parameter 
values: 


CPG: Generic notification = remote hold 
CPG: Generic notification = sendrecv 


Comments: 


ISUP/BICC SUT SIP 
lAM ^ ^ INVITE 
ACM «■ «■ 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

CPG(hold) ^ ^ INVITE(sendonly) 

«■ 200 OK INVITE(recvonly) 
^ ACK 

CPG(Conference established) ■» ■» INVITE(sendrecv) 

«■ 200 OK INVITE(sendrecv) 
^ ACK 

CPG(Conference disconnected) ■* 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 
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oil iciciciiuc- nrw o^u i [oj i^ui^ icici t?iii#t?a 

ES 283 027 [1], clause 7.4.15 


TSS reference: 


ISUP-SIP/SS/3PTY/ 


SIP selection 
criteria: 


PICS 8/1 


ISUP selection 
criteria: 


PICS 5/5 AND PICS 5/18 


Test purpose: 


Establish and disconnect a 3PTY session. SDP conveyed in an UPDATE request 

• Ensure that the SUT resumes the media stream put on hold while the GPG (hold) 

was recived and sends an UPDATE containing an a-line in the SDP is set to 
"sendrecv" if a CPG (Conference established) was received 


SIP Parameter 
values: 


SDP: a= a_LINE_VA (see table 45) or a line is omitted 


ISUP Parameter 

values: 


CPG: Generic notification = remote hold 

CPG: Generic notification = GEN NOT VALUE 


Comments: 


ISUP/BICC SUT SIP 

lAIVI ^ ^ INVITE 
ACM «■ «■ 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

CPG(hold) UPDATE(sendonly) 

«■ 200 OK UPDATE(recvonly) 

CPG(Conference established) ^ ^ UPDATE(sendrecv) 

«■ 200 OK UPDATE(sendrecv) 

CPG(Conference disconnected) 

Conversation 

REL BYE 

RLC «■ «■ 200 OK BYE 



Table 45 



Values for test purpose TP605001, TP605002 


CPG^ 
Generic notification 
GEN_NOT_VALUE 


INVITE/UPDATE^ 
SDP attribute line 
a_LINE_VA 


VA 01 


Conference established 


sendrecv, or recvonly 


VA 02 


Conference disconnected 


sendrecv or recvonly 
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TP605003 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.4.13 
ITU-T Rec Q.734.2 [35], clause 2.7 


TSS reference: 


ISUP-SIP/SS/3PTY/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 


NOT PICS 5/18 


Test purpose: 


Interworking of "conference established" and "Conference disconnected" not supported 

Ensure that the BUT on receipt of a CPG message due to the 3PTY supplementary 
service, the Generic notification indicator with the value. 

No mapping, no disrupting the SIP procedure. 


SIP Parameter 
values: 


No mapping 


ISUP Parameter 
values: 


CPG: Generic notification = remote hold 

CPG: Generic notification = Conference established 

CPG: Generic notification = Conference disconnected 


Comments: 


ISUP/BICC SUT SIP 
lAM ^ ^ INVITE 
ACM «■ «■ 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

CPG(hold) 




CPG(Conference established) 






CPG(Conference disconnected) 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 



6.3.2.6 



Connected line identification (COL) 



TP606001 



SIP reference: RFC 3261 [6] 



ES 283 027 [1], clause 7.4.2 



TSS reference: 



ISUP-SIP/SS/COL/ 



SIP selection 
criteria: 



NOT PICS 5/3 



ISUP selection 
criteria: 



Test purpose: 



MA/f with OFCI "connected line request" received, no mapping 

Ensure that the SUT if the lAM is received with an optional forward call indicator, connected 
line requested, continue without disrupting the SIP or ISUP signalling procedure. 



SIP Parameter 
values: 



No mapping 



ISUP Parameter 
values: 



lAM: Optional Forward call indicator "Connected line request" 



Comments: 



ISUP 

lAM 

ACM 
ANM 



REL 
RLC 



SUT 



Conversation 





SIP 




INVITE 




180 Ringing 




200 OK INVITE 




ACK 




BYE 




200 OK BYE 
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TP606002 


SIP reference: RFC 3261 [6] 


ES 283 027 [1], clause 7.4.2 


TSS reference: 


ISUP-SIP/SS/COL/ 


SIP selection 
criteria: 


PICS 5/3 


ISUP selection 

criteria: 




Test purpose: 


lAM with oFCi "connected line request" received, INVITE is sent contains the "from-change" 
tag in the Supported header 

Ensure that the SUT if the lAM Is received with an optional forward call Indicator, connected 
line requested, the "from-change" tag Is Included In the Supported header In the sent INVITE. 


SIP Parameter 

values: 


INVITE: Supported: from-change 


ISUP Parameter 
values: 


lAM: Optional Forward call Indicator "Connected line request" 




ISUP SUT SIP 

lAM ^ ^ INVITE 
ACIVI «■ «■ 180 Ringing 
ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 
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TP606003 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.4.2 


TSS reference: 


ISUP-SIP/SS/COL/ 


SIP selection 
criteria: 


PICS 5/3 


ISUP selection 
criteria: 


NOT PICS 1/5 


Test purpose: 


The P-Asserted-ldentity is mapped into tiie connected number "nationai (significant) number" 

Ensure that the SUT in Idle state, on receipt of an lAM message where the COLP service has 
been requested by the calling party by parsing the ..Optional Forward Call Indicators" field and 
the "Connected Line Identity Request indicator" is set to "requested", on receipt of a 1 XX or 
2XX message defined as SIP_MESSAGE_VA with 

the P-Asserted-ldentity header field containing a URI with an identity in the format "+" CC+ 
NDC+ SN has been received and the 

no Privacy header field was received or a Privacy header field was received and the priv- 
value is set to "none" 

in the ANIVl or CON is included the Connected number Parameter. 

If CC encoded in the URI is equal to the CC of the country where MGCF is located AND the 

next BICC/ISUP node is located in the same country then 

Address presentation restricted parameter = presentation allowed 
Nature of address indicator = National (significant) number 

Numbering plan indicator = ISDN/Telephony numbering plan 
Screening indicator = Network Provided 
Address signals in the format: NDC+SN 




Generic number parameter not present 




SIP Parameter 
values: 


1XX or 2XX response: P-Asserted-ldentity header field Tel URL containing an URI in the 
format "-i-"CC+NDC-^SN 


ISUP Parameter 
values: 


lAM: Optional Forward Call Indicators, Connected Line Identity Request indicator" = 

"requested" 

ANM; 

Connected number parameter 

Address presentation restricted parameter = 'OO'B 

Nature of address indicator = '000001 1'B 

Numbering plan indicator = '001 'B 

Screening indicator = '11 'B 

Address signals = PIXIT 




ISUP MGCF SIP 

lAM ^ ^ INVITE 

«■ SIP MESSAGE VA 

CASE A 

ACM «■ 
ANM «■ 
CASE B 

CON «■ 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 
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TP606004 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.4.2 


TSS reference: 


ISUP-SIP/SS/COL/ 


SIP selection 
criteria: 


PICS 5/3 


ISUP selection 
criteria: 


PICS 1/5 


Test purpose: 


The P-Asserted-ldentity is mapped into tfie connected number "internationai number" 

Ensure that the SUT in Idle state, on receipt of an lAM message where the COLP service has 
been requested by the calling party by parsing the ..Optional Forward Call Indicators" field and 
the "Connected Line Identity Request indicator" is set to "requested", on receipt of a 1 XX or 
2XX message defined as SIP_MESSAGE_VA with 

the P-Asserted-ldentity header field containing a URI with an identity in the format "+" CC+ 
NDC+ SN has been received and the 

no Privacy header field was received or a Privacy header field was received and the priv- 
value is set to "none" 

in the ANIVl or CON is included the Connected number Parameter. 

If CC encoded in the URI is not equal to the CC of the country where MGCF is located AND 

the next BICC/ISUP node is located in the same country then 

Address presentation restricted parameter = Presentation allowed 

Nature of address indicator = International number 
Numbering plan indicator = ISDN/Telephony numbering plan 
Screening indicator = Network Provided 
Address signals in the format: CC+NDC+SN 




Generic number parameter not present 




SIP Parameter 
values: 


1XX or 2XX response: P-Asserted-ldentity header field Tel URL containing an URI in the 
format "-i-"CC+NDC-^SN 


ISUP Parameter 
values: 


lAM: Optional Forward Call Indicators, Connected Line Identity Request indicator" = 

"requested" 

ANM; 

Connected number parameter 

Address presentation restricted parameter = 'OO'B 

Nature of address indicator = '0000011'B 

Numbering plan indicator = '001 'B 

Screening indicator = '1 1 'B 

Address signals = PIXIT 




ISUP MGCF SIP 

lAM ^ ^ INVITE 

«■ SIP MESSAGE VA 

CASE A 

ACM «■ 
ANM «■ 
CASE B 

CON «■ 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 
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TP606005 


SIP reference- RFC 3261 r61 ISUP reference- 

ES 283 027 [1], clause 7.4.2 


TSS reference: 


ISUP-SIP/SS/COL/ 


SIP selection 
criteria: 


PICS 5/3 


ISUP selection 
criteria: 


PICS 1/5 


Test purpose: 


P-Asserted-ldentity not received, a connected number "address not available" is sent 

Ensure that the SUT in Idle state, on receipt of an lAM message where the COLP service has 
been requested by the calling party by parsing the ..Optional Forward Call Indicators" field and 
the "Connected Line Identity Request indicator" is set to "requested", on receipt of a 1 XX or 
2XX message defined as SIP_MESSAGE_VA with 

no P-Asserted-ldentity header field 

In the ANM or CON is included the Connected number Parameter. 

Address presentation restricted parameter = Address not available 
Screening indicator = Network Provided 
Address signals omitted 

Generic number parameter not present 


SIP Parameter 
values: 


1XX or 2XX response: P-Asserted-ldentity header field is not present 


ISUP Parameter 
values: 


lAM: Optional Forward Call Indicators, Connected Line Identity Request indicator" = 

"requested" 

ANM or CON 

Connected number parameter 

Address presentation restricted parameter = '10'B 

Nature of address indicator = 'OOOOOOO'B 

Numbering plan indicator = 'OOO'B 

Screening indicator = '1 1'B 

Address signals = not presented 




ISUP MGCF SIP 

lAM ^ ^ INVITE 

«■ SIP MESSAGE VA 

CASE A 

ACM 

ANM «■ 
CASE B 

CON «■ 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 



Values for tests purposes TP101003 to TP101005 


VA 01 


180 Ringing 


VA 02 


183 Session progress 


VA 03 


200 OK 
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TP606006 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.4.2 


TSS reference: 


ISUP-SIP/SS/COL/ 


SIP selection 
criteria: 


PICS 5/3 


ISUP selection 
criteria: 


NOT PICS 1/5 


Test purpose: 


Interworking of P-Asserted-ldentity. Convert the user portion into the national format 

Ensure that the SUT in Idle state, on receipt of an lAM message where the COLP service has 
been requested by the calling party by parsing the ..Optional Forward Call Indicators" field and 
the "Connected Line Identity Request indicator" is set to "requested", on receipt of a 1 XX or 
2XX message defined as SIP_MESSAGE_VA with 

the P-Asserted-ldentity header field containing a URI with an identity in the format "+" CC+ 
NDC+ SN has been received and the 

a Privacy header field was received and the priv-value is set to PRIV_VALUE 

in the ANIVl or CON is included the Connected number Parameter. 

If CC encoded in the URI is equal to the CC of the country where MGCF is located AND the 

next BICC/ISUP node is located in the same country then 

Address presentation restricted parameter = Presentation restricted 
Nature of address indicator = National (significant) number 

Numbering plan indicator = ISDN/Telephony numbering plan 
Screening indicator = Network Provided 
Address signals in the format: NDC+SN 




Generic number parameter not present 




SIP Parameter 
values: 


1XX or 2XX response: P-Asserted-ldentity header field Tel URL containing an URI in the 

format "+"CC+NDC-fSN 


ISUP Parameter 
values: 


lAM: Optional Forward Call Indicators, Connected Line Identity Request indicator" = 

"requested" 

ANM or CON 

Connected number parameter 

Address presentation restricted parameter = '01 'B 

Nature of address indicator = "000001 1 "B 

Numbering plan indicator = "001 "B 

Screening indicator = "1 V'B 

Address signals = PIXIT 




ISUP MGCF SIP 

lAM ^ ^ INVITE 

«■ SIP_MESSAGE_VA 

CASE A 

ACM «■ 
ANM «■ 
CASEB 

CON «■ 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 
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TP606007 

I ■ www r 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.4.2 


TSS reference: 


ISUP-SIP/SS/COL/ 


SIP selection 
criteria: 


PICS 5/3 


ISUP selection 
criteria: 


PICS 1/5 


Test purpose: 


Interworking of P-Asserted-ldentity. Convert the user portion into the international format 

Ensure that the SUT in Idle state, on receipt of an lAM message where the COLP service has 
been requested by the calling party by parsing the ..Optional Forward Call Indicators" field and 
the "Connected Line Identity Request indicator" is set to "requested", on receipt of a 1 XX or 
2XX message defined as SIP_MESSAGE_VA with 

the P-Asserted-ldentity header field containing a URI with an identity in the format "+" CC+ 
NDC+ SN has been received and the 

a Privacy header field was received and the priv-value is set to PRIV_VALUE 

in the ANIVl or CON is included the Connected number Parameter. 

If CC encoded in the URI is not equal to the CC of the country where MGCF is located AND 

the next BICC/ISUP node is located in the same country then 

Address presentation restricted parameter = Presentation restricted 
Nature of address indicator = International number 

Numbering plan indicator = ISDN/Telephony numbering plan 
Screening indicator = Network Provided 
Address signals in the format: CC+NDC+SN 




Generic number parameter not present 




SIP Parameter 
values: 


1XX or 2XX response: P-Asserted-ldentity header field Tel URL containing an URI in the 

format "+"CC+NDC-fSN 


ISUP Parameter 
values: 


lAM: Optional Forward Call Indicators, Connected Line Identity Request indicator" = 
"requested" 

ANM or CON 

Connected number parameter 

Address presentation restricted parameter = '01 'B 
Nature of address indicator = '000001 1'B 
Numbering plan indicator = '001 'B 
Screening indicator = '11 'B 
Address signals = PIXIT 




ISUP MGCF SIP 

lAM ^ ^ INVITE 

«■ SIP MESSAGE VA 

CASE A 

ACM «■ 
ANM «■ 
CASE B 

CON «■ 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 
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TP606008 

I ■ www 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clauses 7.4.2 and 7.5.2 


TSS reference: 


ISUP-SIP/SS/COL/ 


SIP selection 
criteria: 


PICS 5/3 


ISUP selection 
criteria: 




Test purpose: 


Interworking of From header in the UPDATE. An additional connected number is sent in the 
ANMorCON 

Ensure that the SUT in Idle state, on receipt of an lAM message where the COLP service has 
been requested by the calling party by parsing the ..Optional Forward Gall Indicators" field and 
the "Connected Line Identity Request indicator" is set to "requested", on receipt of a 1 XX or 
2XX message defined as SIP_I\/IESSAGE_VA with 

the option tag "from-change" Is received 

a Privacy header field was received and the priv-value is set to PRIV_VALUE 

An UPDATE request is received containing a changed From header field containing a URI 
with an Identity in the format "+" CC+ NDC+ SN then 

- map the From header field received in the UPDATE request to the Generic number in 
the ANM or CON 

In the ANM or CON is Included the Generic number parameter 

Number Qualifier = additional connected number 

Address presentation restricted parameter = Presentation allowed 

Numbering plan indicator = ISDN numbering plan 

Screening indicator = user provided, not verified 

Address signals = derived from the From header in the UPDATE 


SIP Parameter 
values: 


INVITE: Supported: from-change 

1XX or 2XX response: P-Asserted-ldentity header field URI in the format "+"CC+NDC-i-SN, 
Supported: from-change 

UPDATE: From header In the format "-i-"CC+NDC-i-SN 


ISUP Parameter 
values: 


lAM: Optional Forward Call Indicators, Connected Line Identity Request indicator" = 
"requested" 

ANM or CON 
Genericnumber 

Number Qualifier = "000001 01 "B 

Address presentation restricted parameter = 'OO'B 

Nature of address indicator = '000001 1 'B 

Numbering plan indicator = '001 'B 

Screening indicator = '1 1'B 

Address signals = derived from the From header in the UPDATE 




ISUP MGCF SIP 

lAM INVITE 

«■ SIP MESSAGE VA 

CASE A 

ACM «■ 

«■ UPDATE 

ANM ^ ^ Ur*. UrUA 1 1 




CASEB 

«■ UPDATE 

CON «■ 200 OK UPDATE 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 




TP606009 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clauses 7.4.2 and 7.5.2 


TSS reference: 


ISUP-SIP/SS/COL/ 


SIP selection 
criteria: 


PICS 5/22 
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TP606009 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clauses 7.4.2 and 7.5.2 


ISUP selection 
criteria: 




Test purpose: 


Interworking of P-Asserted-ldentity and From header. The Connected number and the 
additional connected number is presentation ailowed 

Ensure that the SUT in Idle state, on receipt of an lAM message where the COLP service has 
been requested by the calling party by parsing the ..Optional Forward Call Indicators" field and 
the "Connected Line Identity Request indicator" is set to "requested", 
on receipt of a 1 XX or 2XX message defined as SIP_MESSAGE_VA with 

the P-Asserted-ldentity header field containing a URI with an identity in the format "+" CC+ 
NDC+ SN and the option tag "from-change" is received 
a Privacy header field is not included 

An UPDATE request is received containing a changed From header field containing a URI 
with an identity in the format "+" CC+ NDC+ SN then 

map the From header field received in the UPDATE request to the Generic number in 

the ANM 

In the ANM or CON is included the Connected number Parameter. 
Numbering plan indicator = ISDN/Telephony numbering plan 
Address presentation restricted parameter = Presentation allowed 

Screening indicator = Network Provided 

Address signals derived from the P-Asserted-ldentity in the 200 OK INVITE 

In the ANM or CON is included the Generic number parameter 
Number Qualifier = additional connected number 
Address presentation restricted parameter = Presentation allowed 
Numbering plan indicator = ISDN numbering plan 

Screening indicator = user provided, not verified 

Address signals derived from the From header in the UPDATE 


SiP Parameter 
values: 


INVITE: Supported: from-change 

1XX or 2XX response: P-Asserted-ldentity header field Tel URL containing an URI in the 

format "V'CC-hNDC-i-SN 

UPDATE: From header, P-Asserted-ldentity 


ISUP Parameter 
values: 


lAM: Optional Forward Call Indicators, Connected Line Identity Request indicator" = 
"requested" 

ANM or CON 

Connected number parameter 

Address presentation restricted parameter = "00"B 

Numbering plan indicator = '001 'B 

Screening indicator = '1 1 'B 

Address signals = PIXIT 

Generic number parameter 

Number Qualifier = "000001 01 "B 

Address presentation restricted parameter = "00"B 

Numbering plan indicator = '001 'B 

Screening indicator = '1 1 'B 

Address signals = derived from the From header in the UPDATE 




ISUP MGCF SIP 
lAM ^ ^ INVITE 

«■ SIP MESSAGE VA 

CASE A 

«■ UPDATE 

ANM «■ 200 OK UPDATE 
CASEB 

«■ UPDATE 

CON «■ ^ 200 OK UPDATE 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 
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TP606010 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clauses 7.4.2 and 7.5.2 


TSS reference: 


ISUP-SIP/SS/COL/ 


SIP selection 
criteria: 


PICS 5/22 


ISUP selection 
criteria: 




Test purpose: 


Interworking of P-Asserted-ldentity to the connected number if no UPDATE was received 

Ensure that the BUT in Idle state, on receipt of an lAM message where the COLP service has 
been requested by the calling party by parsing the ..Optional Forward Call Indicators" field and 
the "Connected Line Identity Request indicator" is set to "requested", 
on receipt of a 1 XX or 2XX message defined as SIP_MESSAGE_VA with 

the P-Asserted-ldentity header field containing a URI with an identity in the format "+" CC+ 
NDC+ SN and the option tag "from-change" is received 
a Privacy header field is not included 

When the 200 OK was received, start timer Ttiri 

An UPDATE request is not received 

After Ttiri was expired the ANM or CON is sent 

In the ANM or CON is included the Connected number Parameter. 

Numbering plan indicator = ISDN/Telephony numbering plan 
Address presentation restricted parameter = Presentation allowed 
Screening indicator = Network Provided 

Address signals derived from the P-Asserted-ldentity in the 200 OK INVITE 


SIP Parameter 
values: 


INVITE: Supported: from-change 

1XX or 2XX response: P-Asserted-ldentity header field Tel URL containing an URI in the 
format "+"CC+NDC-^SN 


ISUP Parameter 
values: 


lAM: Optional Forward Call Indicators, Connected Line Identity Request indicator" = 
"requested" 

ANM or CON 

Connected number parameter 

Address presentation restricted parameter = "00"B 
Numbering plan indicator = '001 'B 
Screening indicator = '1 1 'B 
Address signals = PIXIT 




ISUP MGCF SIP 

lAM ^ ^ INVITE 

«■ SIP MESSAGE VA 

CASE A 

MOM ^ 

Ttiri 

ANM «■ 
CASEB 

Ttiri 

CON «■ 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 



Values for tests purposes TP1 02005 to TP1 02010 


VA_01 


180 Ringing 


VA 02 


183 Session progress 


VA 03 


200 OK 
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Values for test purpose TP1 02006 to TP1 02009 


VA 


PRIV_VALUE 


VA 1 


Id 


VA 2 


User 


VA 3 


Header 



6.3.2.7 Sub-addressing (SUB) 



TP607001 


CW Reference: 
ES 283 027 [1], clause 4.7.4.5.2 


Selection criteria: 
PICS 5/8 


TBS reference: 


ISUP-SIP/SS/SUB/ 


Preconditions: 




Test purpose: 


The calling party subaddress is mapped in the isub parameter of the P-Asserted-ldentity 

Ensure that the calling party subaddress in the ATP parameter of the received lAM is 
intenworked in the isub parameter of the P-Asserted-ldentity in the sent INVITE, if the Type 
of Subbaddress is set to "0 0" "NSAP. 


SIP Parameter 
values: 


INVITE: 

P-Asserted-ldentity: sip: user part; isub=<subaddress>@hostportion 


ISUP Parameter 
values: 


lAM: ATP(Calling party subaddress) 


Comments: 


ISUP MGCF SIP 
lAM(ATP) ^ ^ INVITE 

«■ 100 Trying 

ACM «■ «■ 180 Ringing 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Communication 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 
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TP607002 


CW Reference: Selection criteria: 
4.7.4.5.2 PICS 5/8 


TSS reference: 


ISUP-SIP/SS/SUB/ 


Preconditions: 




Test purpose: 


The called party subaddress is mapped in the isub parameter of the Request URI 

f— J.I i il III X III • J.I A "T~ 1 £ A.I 1 1 A K Jl ' 

Ensure that the called party subaddress in the ATP parameter of the received lAM is 
interworked in the isub parameter of the Request URI in the sent INVITE, if the Type of 
Subbaddress is set to "0 0" "NSAP. 


SIP Parameter 
values: 


INVITE: 

Request URI: sip: user part; isub=<subaddress>@hostportion 


ISUP Parameter 
values: 


lAM: ATP(Called party subaddress) 


Comments: 


ISUP MGCF SIP 

lAM(ATP) ^ ^ INVITE 

«■ 100 Trying 

ACIVI ^ <■ 180 Ringing 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Communication 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 



TP607003 


CW Reference: Selection criteria: 
4.7.4.5.2 PICS 5/8 


TSS reference: 


ISUP-SIP/SS/SUB/ 


Preconditions: 




Test purpose: 


The isub parameter of the P-Asserted-ldentity in the 200 OK INVITE is mapped in the 
connected subaddress in the ANM 

Ensure that the isub parameter in the P-Asserted- Identity of the received 200 OK INVITE 
is interworked in the Connected subaddress contained in an ATP parameter in the sent 
ANMOBCI. 

The Type of Subbaddress is set set to "0 0" "NSAP (ITU-T Recommendation X.213 [29] 
and ISO/IEC 8348 [30] Add.2)" 


SIP Parameter 
values: 


INVITE: supported: from-change 
200 OK INVITE: 

P-Asserted-IDENTITY: sip: user part; isub=<subaddress>@hostportion 


ISUP Parameter 
values: 


lAM: oFCi: connected line request 
ANM: ATP(Connected subaddress) 


Comments: 


ISUP MGCF SIP 

lAM ^ ^ INVITE 

«■ 100 Trying 

ACM «■ «■ 180 Ringing 

«■ 200 OK INVITE 
^ ACK 

ANM(ATP) «■ «■ UPDATE 

^ 200 OK UPDATE 

Communication 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 
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TP607004 


CW Reference: Selection criteria: 
4.7.4.5.2 NOT PICS 5/8 


TSS reference: 


ISUP-SIP/SS/SUB/ 


Preconditions: 




Test purpose: 


The calling party subaddress is not mapped in the isub parameter of the P-Asserted- 

Identity 

f— ml 1 il II* 1 III ■ Xl A ~I~ l~\ ■ IIAKJI' i 

Ensure that the calling party subaddress in the ATP parameter of the received lAM is not 
interworked in the isub parameter of the From header in the sent INVITE, if the Type of 
Subbaddress is not set to "0 0" "NSAP. 


SIP Parameter 
values: 


INVITE: 

P-Asserted-ldentity: sip: user part; lsub=<subaddress>@hostportion 


ISUP Parameter 
values: 


lAM: ATP(no Calling party subaddress) 


Comments: 


ISUP MGCF SIP 

lAM(ATP) ^ ^ INVITE 

«■ 100 Trying 

AGIVI <■ 180 Ringing 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Communication 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 



TP607005 


CW Reference: Selection criteria: 
4.7.4.5.2 NOT PICS 5/8 


TSS reference: 


ISUP-SIP/SS/SUB/ 


Preconditions: 




Test purpose: 


The called party subaddress is not mapped in the isub parameter of the Request URI 
Ensure that the called party subaddress in the ATP parameter of the received lAIVI is not 
Interworked in the isub parameter of the Request URI in the sent INVITE, if the Type of 
Subbaddress is not set to "0 0" "NSAP. 


SIP Parameter 
values: 


INVITE: 

Request URI; sip; user part; isub=<subaddress>@hostportion 


ISUP Parameter 
values: 


lAM: ATP(no Called party subaddress) 


Comments: 


ISUP MGCF SIP 

lAM(ATP) ^ ^ INVITE 

«■ 100 Trying 

ACM «■ «■ 180 Ringing 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Communication 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 



ETSI 



341 



ETSI TS 186 009-2 V2.1.1 (2009-03) 



6.3.2.8 Closed user group (CUG) 



TP608001 


SIP reference: RFC 3261 [6] ISUP reference: 

ES 283 027 [1], clause 7.4.16 


TSS reference: 


ISUP-SIP/SS/CUG/ 


SIP selection 
criteria: 


NOT PICS 5/7 


ISUP selection 
criteria: 




Test purpose: 


SIP network dows not support CUG, CUG with outgoing access ailowed is intenvorl<ed in a 
normal call. 

Ensure that the SUT if an lAM is received with Optional forward call indicator, CUG call 
indicator coded as "CUG call witli outgoing access" and CUG interlock code or CUG call 
indicator coded as "Non CUG call" or Optional forward call indicator is absent, the SIP 
signalling procedure Is not disrupted. 


SIP Parameter 
values: 


No nnapping 


ISUP Parameter 
values: 




Comments' 


ISUP/BICC SUT SIP 

1 / 1 ^^^^ ^^^^ I 1 

lAM ^ ^ INVITE 
ACM «■ «■ 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 



TP608002 


SIP reference: RFC 3261 [6] ISUP reference: 

ES 283 027 [1], clause 7.4.16 


TSS reference: 


ISUP-SIP/SS/CUG/ 


SIP selection 

criteria: 


NOT PICS 5/7 


ISUP selection 
criteria: 




Test purpose: 


SIP network dows not support CUG, CUG with outgoing access not allowed is rejected. 

Ensure that the SUT if an lAM is received with Optional forward call indicator, CUG call 
indicator coded as "CUG call without outgoing access" and CUG interlock code, a REL 
is sent. No INVITE is sent into the SIP network. 


SIP Parameter 
values: 


No action 


ISUP Parameter 
values: 


REL: Cause #29 


Comments: 


ISUP/BICC SUT SIP 
lAM ^ 
REL «■ 
RLC ^ 



ETSI 



342 



ETSI TS 186 009-2 V2.1.1 (2009-03) 



TroOoOUo 


oir reterence: Kro ozoi [oj loUr reterence: 

7.4.1.2 


TSS reference: 


ISUP-SIP/SS/CUG/ 


SIP selection 
criteria: 


PICS 5/7 


ISUP selection 
criteria: 




Test purpose: 


SIP network supports CUG. CUG call indicator value "10" received. 

Ensure that Optional Forward Call Indicator Parameter CUG call Indicator is mapped into 
<cug> < cugCommunicatlonlndicator>, the Closed user group interlock code Parameter 
Network Indentity is mapped into <cug> <networl<lndicator> and the Binary code is 
mapped into the <cug> <cuglnterlockBinaryCode>. 


SIP Parameter 
values: 


INVITE: 
<cug> 

<networklndicator>[derived from lAM Network lndentlty]</networklndicator> 
<cuglnterlockBinaryCode>[derived from lAM Binary code]</cuglnterlockBinaryCode> 
<cugCommunicationlndicator>10</cugCommunicationlndicator> 

</cug> 


ISUP Parameter 
values: 


lAIVI: 

Optional Forward Call Indicator CUG call indicator = "10" 

Closed User Group interlock code 

Binary code derived from INVITE XML body <cuglnterlockBinaryCode> 
Network Indentity derived from INVITE XML body <networklndlcator> 


Comments: 


ISUP/BICC SUT SIP 
lAM ^ ^ INVITE 
ACM 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 
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TrD0o0U4 


oir reterence: Kro ozoi [oj loUr reterence: 

7.4.1.2 


TSS reference: 


ISUP-SIP/SS/CUG/ 


SIP selection 
criteria: 


PICS 5/7 


ISUP selection 
criteria: 




Test purpose: 


SIP network supports CUG. CUG call indicator value "1 1 " received. 

Ensure that Optional Forward Call Indicator Parameter CUG call Indicator is mapped into 
<cug> < cugCommunicatlonlndicator>, the Closed user group interlock code Parameter 
Network Indentity is mapped into <cug> <networl<lndicator> and the Binary code is 
mapped into the <cug> <cuglnterlockBinaryCode>. 


SIP Parameter 
values: 


INVITE: 
<cug> 

<networklndicator>[derived from lAM Network lndentlty]</networklndicator> 
<cuglnterlockBinaryCode>[derived from lAM Binary code]</cuglnterlockBinaryCode> 
<cugCommunicationlndicator>1 1 </cugCommunicationlndicator> 

</cug> 


ISUP Parameter 
values: 


lAIVI: 

Optional Forward Call Indicator CUG call indicator = "11" 

Closed User Group interlock code 

Binary code derived from INVITE XML body <cuglnterlockBinaryCode> 
Network Indentity derived from INVITE XML body <networklndlcator> 


Comments: 


ISUP/BICC SUT SIP 
lAM ^ ^ INVITE 
ACM 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 



6.3.2.9 



Call diversion (CDIV) 



TP609001 



SIP reference: RFC 3261 [6] 



ISUP reference: 
ES 283 027 [1], clause 7.4.6 



TSS reference: 



ISUP-SIP/SS/ CDIV / 



SIP selection 
criteria: 



NOT PICS 5/12 AND NOT PICS 5/13 AND NOT PICS 5/14 AND NOT PICS 5/15 



ISUP selection 

criteria: 



Test purpose: 



CDIV parameter not mapped 

Ensure that the SUT if the lAM is received with Redirecting number, original called 
number and redirection Information, continue without disrupting the SIP or ISUP 

signalling procedure. 



SIP Parameter 
values: 



No mapping 



ISUP Parameter 
values: 



lAM: 



Redirecting number, Original called number. Redirection information 



ISUP/BICC 




SUT 


SIP 


lAM 






INVITE 


ACM 


«■ 

Ringing tone 




180 Ringing 


ANM 


«■ 


Conversation 


200 OK INVITE 
ACK 


REL 






BYE 


RLC 






200 OK BYE 



Comments: 
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TroOaOUZ 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.5.4 


TSS reference: 


ISUP-SIP/SS/CDIV/ 


SIP selection 
criteria: 


PICS 5/12 AND PICS 5/13 AND PICS 5/14 AND PICS 5/15 


ISUP selection 
criteria: 




Test purpose: 


lAM with Original caii number and redirecting number Presentation allowed received 

Ensure that the SUT if the lAIVl is received with Redirecting number, original called 
number Presentation allowed and redirection information Presentation allowed, the 
redirection counter value is "1", an INVITE Is sent containing a History-Info header. The 

Redirecting number is contained in the in the hi-targeted-to-uri in index 1 , the called party 
number is contained in the in the hi-targeted-to-uri in index 1 .1 . The cause parameter 
value in the latest history entry is mapped into the redirection reason indicator. 


SIP Parameter 
values: 


INVITE: History-Info header 

hi-targeted-to-uri Redirecting number; index=1 , or 

hi-targeted-to-uri Redirecting number?Privacy=none/absent; index=1 , 

hi-targeted-to uri diverted to user; cause=Cause_value; index=1.1 


ISUP Parameter 
values: 


lAIVI: 

Redirection information: "call diversion" 
Redirection counter = 1 
Redirecting indicator = 3 
Redirecting reason = ISUP_RR 

Original called number 

Presentation restriction: Presentation allowed 

Redirecting number 

Presentation restriction: Presentation allowed 


Comments: 


ISUP SUT SIP 

lAM ^ ^ INVITE 
ACIVl «■ «■ 180 Ringing 
ANM «■ «■ 200 OK INVITE 

^ ACK 

Communication 
REL ^ ^ BYE 
RLC 200 OK BYE 

«■ «■ 



lAIUI 




INVITE 




ISUP Parameter 


Source value of parameter 
field 


SIP component 


Derived value of 
header field 


Redirection information 


Redirecting reason 


History-info header 


Cause parameter 




unknown 'OOOO'B 


Cause value 


404 




Unconditional '001 1'B 




302 




User Busy '0001 'B 




486 




No reply '001 0'B 




408 




Deflection during alerting 
'0100'B 




487 




Deflection immediate 




480 




response '0101'B 








Mobile subscriber not 




503 




reachable 
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TroOaOUo 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.5.4 


TSS reference: 


ISUP-SIP/SS/CDIV/ 


SIP selection 
criteria: 


PIGS 5/12 AND PICS 5/13 AND PICS 5/14 AND PICS 5/15 


ISUP selection 
criteria: 




Test purpose: 


lAM with Original call number Presentation restricted and redirecting number Presentation 
allwed received 

Ensure that the SUT if the lAM is received with Redirecting number, original called 
number Presentation restricted and redirection information Presentation allowed, the 
redirection counter value is "1", an INVITE is sent containing a History-Info header. The 
Redirecting number is contained in the in the hi-targeted-to-uri in index 1 , the called party 
number is contained in the in the hi-targeted-to-uri in index 1 .1 . The cause parameter 
value in the latest history entry is mapped into the redirection reason indicator. 


SIP Parameter 
values: 


INVITE: History-Info header 

hi-targeted-to-uri Redirecting number?Privacy=history; index=1 , 
hi-targeted-to uri diverted to user; cause=Cause_value; index=1.1 


ISUP Parameter 
values' 


lAIVI: 

Redirection information: "call diversion" 
Redirection counter = 1 
Redirecting indicator = 3 
Redirecting reason = ISUP_RR 






Original called number 

Presentation restriction: Presentation restricted 




Redirecting number 

Presentation restriction: Presentation allowed 




Comments: 


ISUP SUT SIP 

lAIVI ^ ^ INVITE 
ACM «■ «■ 180 Ringing 
ANM «■ «■ 200 OK INVITE 

ACK 

Communication 
REL ^ ^ BYE 
RLC 200 OK BYE 

«■ «■ 



lAM 




INVITE 




ISUP Parameter or IE 


Source value of parameter 
field 


SIP component 


Derived value of 
header field 


Redirection Information 


Redirecting reason 


History-Info header 


Cause parameter 




unl<nown 'OOOO'B 


Cause_value 


404 




Unconditional '001 1'B 




302 




User Busy '0001 'B 




486 




No reply '001 0'B 




408 




Deflection during alerting 
'0100'B 




487 




Deflection immediate 




480 




response '0101'B 








Mobile subscriber not 




503 




reachable 







ETSI 
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TrD090U4 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.5.4 


TSS reference: 


ISUP-SIP/SS/CDIV/ 


SIP selection 
criteria: 


PIGS 5/12 AND PICS 5/13 AND PICS 5/14 AND PICS 5/15 


ISUP selection 
criteria: 




Test purpose: 


lAM with Original call number Presentation allowed and redirecting number Presentation 
allowed restricted 

Ensure that the SUT if the lAM is received with Redirecting number, original called 
number Presentation allowed and redirection information Presentation restricted, the 
redirection counter value is "1", an INVITE is sent containing a History-Info header. The 
Redirecting number is contained in the in the hi-targeted-to-uri in index 1 , the called party 
number is contained in the in the hi-targeted-to-uri in index 1 .1 . The cause parameter 
value in the latest history entry is mapped into the redirection reason indicator. 


SIP Parameter 
values: 


INVITE: History-Info header 

hi-targeted-to-uri Redirecting number?Privacy=history; index=1 , 
hi-targeted-to uri diverted to user; cause=Cause_value; index=1.1 


ISUP Parameter 
values' 


lAIVI: 

Redirection information: "call diversion" 
Redirection counter = 1 
Redirecting indicator = 4 
Redirecting reason = ISUP_RR 

Original called number 

Presentation restriction: Presentation allowed 






Redirecting number 

Presentation restriction: Presentation restricted 


Comments: 


ISUP SUT SIP 

lAIVI ^ ^ INVITE 
ACM «■ «■ 180 Ringing 
ANM «■ «■ 200 OK INVITE 

^ ACK 

Communication 
REL ^ ^ BYE 
RLC 200 OK BYE 

«■ «■ 



lAM 




INVITE 




ISUP Parameter or IE 


Source value of parameter 
field 


SIP component 


Derived value of 
header field 


Redirection Information 


Redirecting reason 


History-Info header 


Cause parameter 




unl<nown 'OOOO'B 


Cause_value 


404 




Unconditional '001 1'B 




302 




User Busy '0001 'B 




486 




No reply '001 0'B 




408 




Deflection during alerting 
'0100'B 




487 




Deflection immediate 




480 




response '0101'B 








Mobile subscriber not 




503 




reachable 







ETSI 
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TPdOMOUO 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.5.4 


TSS reference: 


ISUP-SIP/SS/CDIV/ 


SIP selection 
criteria: 


PIGS 5/12 AND PICS 5/13 AND PICS 5/14 AND PICS 5/15 


ISUP selection 
criteria: 




Test purpose: 


lAM with Original call number Presentation allowed and redirecting number Presentation 
allowed restricted 

Ensure that the SUT if the lAM is received with Redirecting number, original called 
number Presentation restricted and redirection information Presentation restricted, the 

redirection counter value is "1", an INVITE is sent containing a History-Info header. The 
Redirecting number is contained in the in the hi-targeted-to-uri in index 1 , the called party 
number is contained in the in the hi-targeted-to-uri in index 1 .1 . The cause parameter 
value in the latest history entry is mapped into the redirection reason indicator. 


SIP Parameter 
values: 


INVITE: History-Info header 

hi-targeted-to-uri Redirecting number?Privacy=history; index=1 , 
hi-targeted-to uri diverted to user; cause=Cause_value; index=1.1 


ISUP Parameter 
values' 


lAIVI: 

Redirection information: "call diversion" 
Redirection counter = 1 
Redirecting indicator = 4 
Redirecting reason = ISUP_RR 






Original called number 

Presentation restriction: Presentation restricted 




Redirecting number 

Presentation restriction: Presentation restricted 


Comments: 


ISUP SUT SIP 

lAIVI ^ ^ INVITE 
ACM «■ «■ 180 Ringing 
ANM «■ «■ 200 OK INVITE 

^ ACK 

Communication 
REL ^ ^ BYE 
RLC 200 OK BYE 

«■ «■ 



lAM 




INVITE 




ISUP Parameter or IE 


Source value of parameter 
field 


SIP component 


Derived value of 
header field 


Redirection Information 


Redirecting reason 


History-Info header 


Cause parameter 




unknown 'OOOO'B 


Cause_value 


404 




Unconditional '001 1'B 




302 




User Busy '0001 'B 




486 




No reply '001 0'B 




408 




Deflection during alerting 
'0100'B 




487 




Deflection immediate 




480 




response '0101'B 








Mobile subscriber not 




503 




reachable 







ETSI 
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TPOUSOOO 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.5.4 


TSS reference: 


ISUP-SIP/SS/CDIV/ 


SIP selection 
criteria: 


PIGS 5/12 AND PICS 5/13 AND PICS 5/14 AND PICS 5/15 


ISUP selection 
criteria: 




Test purpose: 


lAM with Original caii number and redirecting number Presentation allowed received, 
Redirecting indicator indicates "all redirection information presentation restricted" 

Ensure that the SUT if the lAM is received with Redirecting number, original called 
number Presentation allowed and redirection information Presentation restricted, the 
redirection counter value is "1", an INVITE is sent containing a History-Info header. The 
Redirecting number is contained in the in the hi-targeted-to-uri in index 1 , the called party 
number is contained in the in the hi-targeted-to-uri in index 1 .1 . The cause parameter 
value in the latest history entry is mapped into the redirection reason indicator. 


SIP Parameter 
values: 


INVITE: History-Info header 
hi-targeted-to-uri Redirecting number; index=1, or 
hi-targeted-to-uri Redirecting number?Privacy=history; index=1, 
hi-targeted-to uri diverted to user; cause=Cause_value; index=1.1 


ISUP Parameter 
values: 


lAIVI: 

Redirection information: "call diversion" 
Redirection counter = 1 
Redirecting indicator = 4 
Redirecting reason = ISUP_RR 

Original called number 

Presentation restriction: Presentation allowed 

Redirecting number 

Presentation restriction: Presentation allowed 


Comments: 


ISUP SUT SIP 

lAIVl ^ ^ INVITE 
ACM «■ «■ 180 Ringing 
ANM «■ «■ 200 OK INVITE 

^ ACK 

Communication 
REL ^ ^ BYE 
RLC 200 OK BYE 

«■ «■ 



lAM 




INVITE 




ISUP Parameter 


Source value of parameter 
field 


SIP component 


Derived value of 
header field 


Redirection Information 


Redirecting reason 


History-Info header 


Cause parameter 




unl<nown 'OOOO'B 


Cause_value 


404 




Unconditional '001 1'B 




302 




User Busy '0001 'B 




486 




No reply '001 0'B 




408 




Deflection during alerting 
'0100'B 




487 




Deflection immediate 




480 




response '0101'B 








Mobile subscriber not 




503 




reachable 







ETSI 



349 



ETSI TS 186 009-2 V2.1.1 (2009-03) 



TroOaOU/ 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.5.4 


TSS reference: 


ISUP-SIP/SS/CDIV/ 


SIP selection 
criteria: 


PIGS 5/12 AND PICS 5/13 AND PICS 5/14 AND PICS 5/15 


ISUP selection 
criteria: 




Test purpose: 


lAM with Original caii number and redirecting number Presentation allowed received, 
Redirection counter value 2 

Ensure that the SUT if the lAM is received with Redirecting number, original called 
number Presentation allowed and redirection information Presentation allowed, the 
redirection counter value is "2", an INVITE is sent containing a History-Info header. The 
Original called number is contained in the hi-tatgeted-to uri in the index 1 . The Redirecting 
number is contained in the in the hi-targeted-to-uri in index 1 .1 , the called party number is 
contained in the in the hi-targeted-to-uri in index 1.1.1. The cause parameter value in the 
latest history entry is mapped into the redirection reason indicator. 


SIP Parameter 
values: 


INVITE: History-Info header 

hi-targeted-to-uri Original called number; index=1, 

hi-targeted-to-uri Redirecting number; cause=302; index=1.1, 

hi-targeted-to-uri called party number; cause= Cause_value; index=1.1.1 


ISUP Parameter 
values: 


lAM: 

Redirection information: "call diversion" 
Redirection counter = 2 

Redirecting indicator = 3 
Redirecting reason = ISUP_RR 

Original called number 

Presentation restriction: Presentation allowed 

Redirecting number 

Presentation restriction: Presentation allowed 


Comments: 


ISUP SUT SIP 

lAM ^ INVITE 
ACM «■ «■ 180 Ringing 
ANM «■ «■ 200 OK INVITE 

^ ACK 

Communication 
REL ^ ^ BYE 
RLC 200 OK BYE 

«■ «■ 



lAM 




INVITE 




ISUP Parameter or 


Source value of parameter 
field 


SIP component 


Derived value of 
header field 


Redirection Information 


Redirecting reason 


History-Info header 


Cause parameter 


ISUP_RR 


unknown 'OOOO'B 


Cause value 


404 




Unconditional '001 1'B 




302 




User Busy '0001 'B 




486 




No reply '001 0'B 




408 




Deflection during alerting 
'0100'B 




487 




Deflection immediate 




480 




response '0101'B 








Mobile subscriber not 




503 




reachable 







ETSI 
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TroOaOUo 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.5.4 


TSS reference: 


ISUP-SIP/SS/CDIV/ 


SIP selection 
criteria: 


PIGS 5/12 AND PICS 5/13 AND PICS 5/14 AND PICS 5/15 


ISUP selection 
criteria: 




Test purpose: 


lAM with Original caii number Presentation restricted and redirecting number Presentation 
ailowed received, Redirection counter vaiue 2 

Ensure that the SUT if the lAM is received with Redirecting number, original called 
number Presentation restricted and redirection information Presentation allowed, the 
redirection counter value is "2", an INVITE is sent containing a History-Info header. The 
Original called number is contained in the hi-tatgeted-to uri in the index 1 . The Redirecting 
number is contained in the in the hi-targeted-to-uri in index 1 .1 , the called party number is 
contained in the in the hi-targeted-to-uri in index 1.1.1. The cause parameter value in the 
latest history entry is mapped into the redirection reason indicator. 


SIP Parameter 
values: 


INVITE: History-Info header 

hi-targeted-to-uri Original called number?Privacy=history; index=1, 
hi-targeted-to-uri Redirecting number; cause=302; index=1.1, 
hi-targeted-to-uri called party number; cause= Cause_value; index=1.1.1 


ISUP Parameter 
values* 


lAM: 

Redirection information: "call diversion" 
Redirection counter = 2 

Redirecting indicator = 3 
Redirecting reason = ISUP_RR 






Original called number 

Presentation restriction: Presentation restricted 




Redirecting number 

Presentation restriction: Presentation allowed 




Comments: 


ISUP SUT SIP 

lAM ^ ^ INVITE 
ACM «■ «■ 180 Ringing 
ANM «■ «■ 200 OK INVITE 

^ ACK 

Communication 
REL ^ ^ BYE 
RLC 200 OK BYE 

«■ «■ 



lAM 




INVITE 




ISUP Parameter or 


Source value of parameter 
field 


SIP component 


Derived value of 
header field 


Redirection Information 


Redirecting reason 


History-Info header 


Cause parameter 


ISUP_RR 


unknown 'OOOO'B 


Cause value 


404 




Unconditional '001 1'B 




302 




User Busy '0001 'B 




486 




No reply '001 0'B 




408 




Deflection during alerting 
'0100'B 




487 




Deflection immediate 




480 




response '0101'B 








Mobile subscriber not 




503 




reachable 







ETSI 
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TroOaOUS 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.5.4 


TSS reference: 


ISUP-SIP/SS/CDIV/ 


SIP selection 
criteria: 


PIGS 5/12 AND PICS 5/13 AND PICS 5/14 AND PICS 5/15 


ISUP selection 
criteria: 




Test purpose: 


lAM with Original caii number Presentation allowed and redirecting number Presentation 
restricted received, Redirection counter value 2 

Ensure that the SUT if the lAM is received with Redirecting number, original called 
number Presentation allowed and redirection information Presentation restricted, the 
redirection counter value is "2", an INVITE is sent containing a History-Info header. The 
Original called number is contained in the hi-tatgeted-to uri in the index 1 . The Redirecting 
number is contained in the in the hi-targeted-to-uri in index 1 .1 , the called party number is 
contained in the in the hi-targeted-to-uri in index 1.1.1. The cause parameter value in the 
latest history entry is mapped into the redirection reason indicator. 


SIP Parameter 
values: 


INVITE: History-Info header 

hi-targeted-to-uri Original called number; index=1, 

hi-targeted-to-uri Redirecting number; ?Privacy=history;cause=302; index=1.1, 
hi-targeted-to-uri called party number; cause=Cause_value; index=1.1.1 


ISUP Parameter 
values* 


lAM: 

Redirection information: "call diversion" 
Redirection counter = 2 

Redirecting indicator = 4 
Redirecting reason = ISUP_RR 

Original called number 

Presentation restriction: Presentation allowed 






Redirecting number 

Presentation restriction: Presentation restricted 


Comments: 


ISUP SUT SIP 

lAM ^ ^ INVITE 
ACM «■ «■ 180 Ringing 
ANM «■ «■ 200 OK INVITE 

^ ACK 

Communication 
REL ^ ^ BYE 
RLC 200 OK BYE 

«■ «■ 



lAM 




INVITE 




ISUP Parameter or 


Source value of parameter 
field 


SIP component 


Derived value of 
header field 


Redirection Information 


Redirecting reason 


History-Info header 


Cause parameter 


ISUP_RR 


unknown 'OOOO'B 


Cause value 


404 




Unconditional '001 1'B 




302 




User Busy '0001 'B 




486 




No reply '001 0'B 




408 




Deflection during alerting 
'0100'B 




487 




Deflection immediate 




480 




response '0101'B 








Mobile subscriber not 




503 




reachable 







ETSI 
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TroOaOl U 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.5.4 


TSS reference: 


ISUP-SIP/SS/CDIV/ 


SIP selection 
criteria: 


PIGS 5/12 AND PICS 5/13 AND PICS 5/14 AND PICS 5/15 


ISUP selection 
criteria: 




Test purpose: 


lAM with Original caii number and redirecting number Presentation restricted received, 
Redirection counter value 2 

Ensure that the SUT if the lAM is received with Redirecting number, original called 
number Presentation restricted and redirection Information Presentation restricted, the 

redirection counter value is "2", an INVITE is sent containing a History-Info header. The 
Original called number is contained in the hi-tatgeted-to uri in the index 1 . The Redirecting 
number is contained in the in the hi-targeted-to-uri in index 1 .1 , the called party number is 
contained in the in the hi-targeted-to-uri in index 1.1.1. The cause parameter value in the 
latest history entry is mapped into the redirection reason indicator. 


SIP Parameter 
values: 


INVITE: History-Info header 

hi-targeted-to-uri Original called number?Privacy=history index=1, 
hi-targeted-to-uri Redirecting number; ?Privacy=history; cause=302; index=1.1, 
hi-targeted-to-uri called party number; cause= Cause_value; index=1.1.1 


ISUP Parameter 
values* 


lAM: 

Redirection information: "call diversion" 
Redirection counter = 2 

Redirecting indicator = 4 
Redirecting reason = ISUP_RR 






Original called number 

Presentation restriction: Presentation restricted 




Redirecting number 

Presentation restriction: Presentation restricted 


Comments: 


ISUP SUT SIP 

lAM ^ ^ INVITE 
ACM «■ «■ 180 Ringing 
ANM «■ «■ 200 OK INVITE 

^ ACK 

Communication 
REL ^ ^ BYE 
RLC 200 OK BYE 

«■ «■ 



lAM 




INVITE 




ISUP Parameter or 


Source value of parameter 
field 


SIP component 


Derived value of 
header field 


Redirection Information 


Redirecting reason 


History-Info header 


Cause parameter 


ISUP_RR 


unknown 'OOOO'B 


Cause value 


404 




Unconditional '001 1'B 




302 




User Busy '0001 'B 




486 




No reply '001 0'B 




408 




Deflection during alerting 
'0100'B 




487 




Deflection immediate 




480 




response '0101'B 








Mobile subscriber not 




503 




reachable 
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TroOSOl 1 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.5.4 


TSS reference: 


ISUP-SIP/SS/CDIV/ 


SIP selection 
criteria: 


PIGS 5/12 AND PICS 5/13 AND PICS 5/14 AND PICS 5/15 


ISUP selection 
criteria: 




Test purpose: 


lAM with Original cail number and redirecting number received, Redirection counter value 
3 

Ensure that the SUT if the lAM is received with Redirecting number, original called 
number and redirection information, the redirection counter value is "3", an INVITE is 
sent containing a History-Info header. The Original called number is contained in the hi- 
tatgeted-to uri in the index 1 . The Redirecting number is contained in the in the hi-targeted- 
to-uri in index 1 .1 , the called party number is contained in the in the hi-targeted-to-uri in 
index 1.1.1. The cause parameter value in the latest history entry is mapped into the 
redirection reason indicator. 


SIP Parameter 
values: 


INVITE: History-Info header 

hi-targeted-to-uri Original called number; index=1, 

hi-targeted-to-uri Dummy entry(PIXlT); cause=302; index=1.1, 

hi-targeted-to-uri Redirecting number; cause=486; index=1.1.1, 

hi-targeted-to-uri called party number; cause= Cause_value; index=1 .1.1.1 


ISUP Parameter 
values: 


lAM: 

Redirection information: "call diversion" 

Redirection counter = 3 
Redirecting reason = ISUP_RR 

Original called number 

Redirecting number 


Comments: 


ISUP SUT SIP 

lAM ^ ^ INVITE 
ACM «■ «■ 180 Ringing 
ANM «■ «■ 200 OK INVITE 

^ ACK 

Communication 
REL ^ ^ BYE 
RLC 200 OK BYE 

«■ «■ 



lAM 




INVITE 




ISUP Parameter or 


Source value of parameter 
field 


SIP component 


Derived value of 
header field 


Redirection Information 


Redirecting reason 


hHistory-lnfo header 


Cause parameter 


ISUP_RR 


unknown 'OOOO'B 


Cause_value 


404 




Unconditional '001 1'B 




302 




User Busy '0001 'B 




486 




No reply '001 0'B 




408 




Deflection during alerting 
'0100'B 




487 




Deflection immediate 




480 




response '0101'B 








Mobile subscriber not 




503 




reachable 
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TroOSOl 2 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.5.4 


TSS reference: 


ISUP-SIP/SS/CDIV/ 


SIP selection 
criteria: 


PIGS 5/12 AND PICS 5/13 AND PICS 5/14 AND PICS 5/15 


ISUP selection 
criteria: 




Test purpose: 


lAM with Original caii number and redirecting number Presentation ailowed received, 
Redirection counter value 2, Redirecting indicator indicates "all redirection information 
presentation restricted" 

Ensure that the SUT If the lAM Is received with Redirecting number, original called 
number Presentation allowed and redirection information Presentation restricted, the 
redirection counter value is "2", an INVITE is sent containing a History-Info header. The 
Original called number is contained in the hl-tatgeted-to uri in the index 1 . The Redirecting 
number Is contained In the In the hi-targeted-to-url in Index 1 .1 , the called party number is 
contained In the In the hl-targeted-to-url In Index 1.1.1. The cause parameter value In the 
latest history entry is mapped Into the redirection reason Indicator. 


SIP Parameter 
values: 


INVITE: History-Info header 

hi-targeted-to-uri Original called number?Privacy=history; index=1, 
hi-targeted-to-url Redirecting number?Privacy=history; cause=302; index=1.1, 
hl-targeted-to-url called party number; cause= Cause_value; lndex=1 .1 .1 


ISUP Parameter 
values: 


lAM: 

Redirection Information: "call diversion" 
Redirection counter = 2 
Redirecting indicator = 4 
Redirecting reason = ISUP_RR 

Original called number 

Presentation restriction: Presentation allowed 

Redirecting number 

Presentation restriction: Presentation allowed 


Comments: 


ISUP SUT SIP 

lAM INVITE 
ACM «■ «■ 180 Ringing 
ANM «■ «■ 200 OK INVITE 

^ ACK 

Communication 

REL ^ ^ BYE 
RLC 200 OK BYE 

«■ «■ 



lAM 




INVITE 




ISUP Parameter or 


Source value of parameter 
field 


SIP component 


Derived value of 
fieader field 


Redirection Information 


Redirecting reason 


History-Info header 


Cause parameter 


ISUP_RR 


unknown 'OOOO'B 


Cause value 


404 




Unconditional '001 1'B 




302 




User Busy '0001 'B 




486 




No reply '001 0'B 




408 




Deflection during alerting 
'0100'B 




487 




Deflection Immediate 




480 




response '0101'B 








Mobile subscriber not 




503 




reachable 
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TroOaOl o 


oir reterence: Kro o^oi [oj loUr reterence: 

ES 283 027 [1], clause 7.5.4 


TSS reference: 


ISUP-SIP/SS/CDIV/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 


PICS 5/12 AND PICS 5/13 AND PICS 5/14 AND PICS 5/15 


Test purpose: 


181 Received, Notification subscription option according the Privacy hieader in the IHistory- 
Info header 

Ensure that the SUT (when no ACM has been sent before) on receipt of 181 (Call Is Being 
Fonwarded) containing the History-Index, Privacy, priv-value component and the History- 
Info header. Privacy, priv-value component concerning the diverted-to uri 

Sends an ACM message indicating a first diversion with the Backward call indicators 
parameter coded 

Called party's status indicator = no indication 
Redirection number: 

Redirection number: derived from the Hi-target-to-uri of the last History-Info entry 

the Call diversion information parameter 

Notification subscription option = ISUP_NSO 

and the Generic notification indicator parameter = call is diverting 


SIP Parameter 
values: 


181 : History-Info header 

hi-targeted-to-uri Redirecting number; index=1 , 

hi-targeted-to uri diverted to user; cause=Cause value?Privacy=prlv-value; index=1 .1 


ISUP Parameter 
values: 


ACM 

BCI: No indication (00), 

GenNot: Call is diverting (1111011), 

Call diversion Info: ISUP_NSO 

Redirection number: derived from the Hi-target-to-uri of the last History-Info entry 


Comments: 


ISUP SUT SIP 

lAM ^ ^ INVITE 
ACM ^ ^181 Being Forwarded 
CPG «■ «■ 180 Ringing 
ANM «■ «■ 200 OK INVITE 

^ ACK 

Communication 
REL ^ ^ BYE 
RLC «■ «■ 200 OK BYE 





SIP component 

History-Info header, 
priv-value component 


Call diversion information Notification 

subscription options 
ISUP_NSO 


VA_01 


Privacy header field absent 


ISUP_NSO = presentation allowed with 
redirection number 


VA_02 


Privacy "none" 


ISUP_NSO = presentation allowed with 
redirection number 


VA_03 


Privacy "history" 


ISUP_NSO = presentation allowed without 
redirection number 
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TP609014 



SIP reference: RFC 3261 [6] 



ISUP reference: 
ES 283 027 [1], clause 7.5.4 



TSS reference: 



ISUP-SIP/SS/CDIV/ 



SIP selection 
criteria: 



ISUP selection 
criteria: 



PICS 5/12 AND PICS 5/13 AND PICS 5/14 AND PICS 5/15 



Test purpose: 



181 received, ACM no indication is sent: NSO Presentation not allowed 

Ensure that the SUT (when no ACM has been sent before) on receipt of 1 81 (Call Is Being 
Fonwarded) containing priv-value history is set to the hist-info element concerning the 
redirecting uri and the diverted-to-uri then 

Sends of an ACM message indicating a first diversion with the Backward call indicators 
parameter coded 

Called party's status indicator = no indication 
Redirection number: 

Redirection number: derived from the Hi-target-to-uri of the last History-Info entry 
the Gail diversion information parameter 

Notification subscription option = presentation not allowed 

and the Generic notification indicator parameter = call is diverting 



SIP Parameter 

values: 



181: History-Info header 

hi-targeted-to-uri Redirecting number?Privacy=history; index=1, 

hi-targeted-to uri diverted to user; cause=Cause value?Privacy=history; index=1.1 



ISUP Parameter 
values: 



ACIVI 

BCI: No indication (00), 

GenNot: Call is diverting (1111011), 

Call diversion Info: presentation not allowed 

Redirection number: derived from the Hi-target-to-uri of the last History-Info entry 



Comments: 



ISUP 




SUT 




SIP 


lAM 








INVITE 


ACM 


«■ 




«■ 


181 Being Forwarded 


CPG 


«■ 




«■ 


180 Ringing 


ANM 


«■ 




«■ 


200 OK INVITE 










ACK 


REL 


^ 






BYE 


RLC 








200 OK BYE 
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TP609015 



SIP reference: RFC 3261 [6] 



ISUP reference: 
ES 283 027 [1], clause 7.5.4 



TSS reference: 



ISUP-SIP/SS/CDIV/ 



SIP selection 
criteria: 



ISUP selection 
criteria: 



PICS 5/12 AND PICS 5/13 AND PICS 5/14 AND PICS 5/15 



Test purpose: 



181 received sending of Redirection number restriction parameter in the ACM 

Ensure that the SUT (when no ACM has been sent before) on receipt of 1 81 (Call Is Being 
Fonwarded) containing the History-Info header, Privacy, priv-value component 

Sends of an ACM message indicating a first diversion with the Backward call indicators 

parameter coded 

Called party's status indicator = no indication 
Redirection number: 

Redirection number: derived from the Hi-target-to-uri of the last History-Info entry 

Redirection number restriction indicator 

Redirection number restriction option = ISUP_ReNrReln 

and the Generic notification indicator parameter = call is diverting 



SIP Parameter 
values: 



181 : History-Info header 
hi-targeted-to-uri Redirecting number; index=1 , 

hi-targeted-to uri diverted to user; cause=Cause value?Privacy=prlv-value; index=1 .1 



ISUP Parameter 
values: 



ACM: 

BCI: No indication (00), 

GenNot: Call is diverting (1111011), 

Redirection number: derived from the Hi-target-to-uri of the last History-Info entry 
Redirection number restriction indicator: ISUP ReNrReIn 



Comments: 



ISUP 




SUT 




SIP 


lAM 








INVITE 


ACM 


«■ 




«■ 


181 Being Forwarded 


CPG 


«■ 




«■ 


180 Ringing 


ANM 


«■ 




«■ 


200 OK INVITE 










ACK 


REL 


^ 






BYE 


RLC 








200 OK BYE 





HIstory-lnfo header 
Privacy, priv-value component 


Redirection number restriction Indicator 
ISUP_ReNrRein 


VA_01 


Privacy "history" 


Presentation restricted 


VA_02 


Privacy header field absent 


Presentation allowed or absent 


VA_03 


Privacy "none" 


Presentation allowed or absent 
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TP609016 



SIP reference: RFC 3261 [6] 



ISUP reference: 
ES 283 027 [1], clause 7.5.4 



TSS reference: 



ISUP-SIP/SS/CDIV/ 



SIP selection 
criteria: 



ISUP selection 
criteria: 



PICS 5/12 AND PICS 5/13 AND PICS 5/14 AND PICS 5/15 



Test purpose: 



181 received, coding of notification subscription option in the CPG Progress 

Ensure that the SUT, when an ACM has been sent before, on receipt of 181 (Call Is Being 
Fonwarded) containing the History-Index, Privacy, priv-value component and the History- 
Info header. Privacy, priv-value component concerning the diverted-to uri 

Sends a CPG message indicating a first diversion with the Event Information 
parameter coded 
Event indicator = PROGRESS, 
Redirection number: 

Redirection number: derived from the Hi-target-to-uri of the last History-Info entry 
the Call diversion information parameter 

Notification subscription option = ISUP_NSO 

and the Generic notification Indicator parameter = call is diverting 



SIP Parameter 
values: 



181 : History-Info header 

hi-targeted-to-uri Redirecting number; index=1, 

hi-targeted-to uri diverted to user; cause=Cause value?Privacy=Prlv-value; index=1 .1 



ISUP Parameter 
values: 



CPG: 

Event indicator = PROGRESS, 
GenNot: Call is diverting (1111011), 
Call diversion Info: ISUP_NSO 

Redirection number: derived from the Hi-target-to-uri of the last History-Info entry 



Comments: 



ISUP 




SUT 




SIP 


lAM 








INVITE 


ACM 


«■ 




«■ 


180 Ringing 


CPG 


«■ 




«■ 


181 Being Forwarded 


ANM 


«■ 




«■ 


200 OK INVITE 










ACK 


REL 


^ 






BYE 


RLC 








200 OK BYE 





SIP component 
History-Index Privacy, 
priv-value component 


Call diversion information Notification 
subscription options 
ISUP_NSO 


VA_01 


Privacy header field absent 


ISUP_NSO = presentation allowed with 
redirection number 


VA_02 


Privacy "none" 


ISUP_NSO = presentation allowed with 
redirection number 


VA 03 


Privacy "history" 


ISUP_NSO = presentation not allowed. 



ETSI 



359 



ETSI TS 186 009-2 V2.1.1 (2009-03) 



TroOSOl 7 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.5.4 


TSS reference: 


ISUP-SIP/SS/CDIV/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 


PICS 5/12 AND PICS 5/13 AND PICS 5/14 AND PICS 5/15 


Test purpose: 


181 received Privacy=history concerning the redirecting and the diverted-to URI setting of 
NSO in the CPG Progress 

Ensure that the SUT, when an ACM has been sent before, on receipt of 181 (Call Is Being 
Fonwarded) containing priv-value history Is set to the hist-lnfo element concerning the 
redirecting uri and the diverted-to-url then 

Sends a CPG message indicating a first diversion with the Event Information parameter 

coded 

Event indicator = PROGRESS, 
Redirection number: 

Redirection number: derived from the Hi-target-to-uri of the last History-Info entry 

the Call diversion information parameter 

Notification subscription option = presentation not allowed 

and the Generic notification indicator parameter coded 

Notification indicator = call is diverting, 


SIP Parameter 
values: 


181 : History-Info header 

hi-targeted-to-uri Redirecting number?Privacy=history; index=1, 

hi-targeted-to uri diverted to user; cause=Cause value?Privacy=fiistory; index=1 .1 


ISUP Parameter 
values: 


CPG: 

Event indicator = PROGRESS, 

GenNot: Call is diverting (1111011), 

Call diversion Info: presentation not allowed 


Comments: 


ISUP SUT SIP 

lAM ^ ^ INVITE 
ACM «■ «■ 180 Ringing 
CPG «■ «■ 181 Being Forwarded 
ANM «■ «■ 200 OK INVITE 

^ ACK 

Communication 
REL ^ ^ BYE 
RLC «■ «■ 200 OK BYE 
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TrOaZOl o 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.5.4 


TSS reference: 


ISUP-SIP/SS/CDIV/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 


PICS 5/12 AND PICS 5/13 AND PICS 5/14 AND PICS 5/15 


Test purpose: 


181 received setting of Redirection number restriction in the CPG Progress 

Ensure that the SUT, when an ACM has been sent before, on receipt of 181 (Call Is Being 
Fonwarded) containing the History-Info header, Privacy, priv-value component 

Sends a CPG message indicating a first diversion with the Event Information 
parameter coded 
Event indicator = PROGRESS, 
Redirection number: 

Redirection number: derived from the Hi-target-to-uri of the last History-Info entry 

Redirection number restriction Indicator^ ISUP_ReNrReln 

and the Generic notification Indicator parameter = call is diverting 


SIP Parameter 
values: 


181 : History-Info header 

hi-targeted-to-uri Redirecting number; index=1, 

hl-targeted-to uri diverted to user; cause=Cause value ?Privacy=priv-value; index=1 .1 


ISUP Parameter 
values: 


CPG: 

Event indicator = PROGRESS, 
GenNot: Call is diverting (1111011), 

Redirection number: ISUP_ReNr 

Redirection number restriction indicator: ISUP ReNrReIn 


Comments: 


ISUP SUT SIP 

lAM ^ ^ INVITE 
ACM «■ «■ 180 Ringing 
CPG «■ «■ 181 Being Forwarded 
ANM «■ «■ 200 OK INVITE 

ACK 

Communication 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 





History-Info header 
Privacy, priv-value component 


Redirection number restriction Indicator 
ISUP_ReNrRein 


VA_01 


Privacy "history" 


Presentation restricted 


VA_02 


Privacy "none" 


Presentation allowed or absent 


VA_03 


Privacy header field absent 


Presentation allowed or absent 
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TroOaOl 9 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.5.4 


TSS reference: 


ISUP-SIP/SS/CDIV/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 


PICS 5/12 AND PICS 5/13 AND PICS 5/14 AND PICS 5/15 


Test purpose: 


180 received, CPG Alerting is sent, setting of NSO. 

Ensure that the SUT on receipt of 180 (Ringing) (181 Call Is Being Forwarded was 
received before) containing the History-Info header, Privacy, priv-value component 
concerning diverted-to uri 

Sends a CPG message indicating a first diversion with the Event information 
parameter coded 
Event indicator = ALERTING, 
Redirection number: 

Redirection number: derived from the Hi-target-to-uri of the last History-Info entry 

Notification subscription option = ISUP_NSO 

and the Generic notification indicator parameter = call is diverting 


SIP Parameter 
values: 


180: History-Info header 

hi-targeted-to-uri Redirecting number; index=1 , 

hi-targeted-to uri diverted to user; cause=Cause value?Privacy=priv-value; index=1 .1 


ISUP Parameter 
values: 


CPG; 

Event indicator = ALERTING, 

GenNot: Call is diverting (1111011), 

Redirection number: derived from the Hi-target-to-uri of the last History-Info entry 
Notification subscription option: ISUP NSO 


Comments: 


ISUP SUT SIP 

lAM ^ ^ INVITE 
ACM «■ «■ 181 Being Forwarded 
CPG «■ «■ 180 Ringing 
ANM «■ «■ 200 OK INVITE 

^ ACK 

Communication 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 





SIP component 
History-info header, 
priv-value component 


Call diversion information Notification 

subscription options 

ISUP_NSO 


VA_01 


Privacy header field absent 


ISUP_NSO = presentation allowed with 
redirection number 


VA_02 


Privacy "none" 


ISUP_NSO = presentation allowed with 
redirection number 


VA_03 


Privacy "history" 


ISUP_NSO = presentation allowed without 
redirection number 
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TroOaOZO 


oir reterence: Kro ozoi [oj loUr reterence: 

ES 283 027 [1], clause 7.5.4 


TSS reference: 


ISUP-SIP/SS/CDIV/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 


PICS 5/12 AND PICS 5/13 AND PICS 5/14 AND PICS 5/15 


Test purpose: 


180 received, CPG Alerting is sent, setting of NSO. 

Ensure that the SUT on receipt of 180 (Ringing) (181 Call Is Being Forwarded was 
received before) containing the History-Info header, Privacy, priv-value component 
concerning redirecting and diverted-to uri 

Sends a CPG message indicating a first diversion with the Event information 
parameter coded 
Event indicator = ALERTING, 
Redirection number: 

Notification subscription option = presentation not allowed 

Redirection number: derived from the Hi-target-to-uri of the last History-Info entry 

and the Generic notification indicator parameter coded 

Notification indicator = call is diverting 


SIP Parameter 
values: 


180: History-Info header 

hi-targeted-to-uri Redirecting number?Privacy=history; index=1, 

hi-targeted-to uri diverted to user; cause=Cause value?Privacy=history; index=1 .1 


ISUP Parameter 
values: 


CPG: 

Event indicator = ALERTING, 
GenNot: Call is diverting (1111011), 

Redirection number: derived from the Hi-target-to-uri of the last History-Info entry 
Notification subscription option: Presentation not allowed 


Comments: 


ISUP SUT SIP 

lAM ^ ^ INVITE 
ACM ^ ^181 Being Forwarded 
CPG «■ «■ 180 Ringing 
ANM «■ «■ 200 OK INVITE 

^ ACK 

Communication 
REL ^ ^ BYE 
RLC «■ «■ 200 OK BYE 
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TroOaOZl 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.5.4 


TSS reference: 


ISUP-SIP/SS/CDIV/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 


PICS 5/12 AND PICS 5/13 AND PICS 5/14 AND PICS 5/15 


Test purpose: 


180 received, CPG Alerting is sent, setting of Redirection number restriction. 

Ensure tfiat the SUT on receipt of 180 (Ringing) (181 Call Is Being Forwarded was 
received before) containing the History-Info header, Privacy, priv-value component 
concerning diverted-to uri 

Sends a CPG message indicating a first diversion with the Event Information 
parameter coded 
Event indicator = ALERTING, 
Redirection number: 

Redirection number restriction indicator = ISUP_RNR 
and the Generic notification indicator parameter coded 
Notification indicator = call is diverting 


SIP Parameter 
values: 


180: History-Info header 

hi-targeted-to-uri Redirecting number; index=1 , 

hi-targeted-to uri diverted to user; cause=Cause value?Privacy=prlv-value; index=1 .1 


ISUP Parameter 
values: 


CPG: 

Event indicator = ALERTING, 

Redirection number restriction indicator: ISUP ReNrReIn 


Comments: 


ISUP SUT SIP 

lAM ^ ^ INVITE 
ACM «■ «■ 181 Being Forwarded 
CPG «■ «■ 180 Ringing 
ANM «■ «■ 200 OK INVITE 

^ ACK 

Communication 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 





History-Info header 
Privacy, priv-value component 


Redirection number restriction Indicator 
ISUP ReNrReIn 


VA_01 


Privacy "history" 


Presentation restricted 


VA_02 


Privacy "none" 


Presentation allowed or absent 


VA_03 


Privacy header field absent 


Presentation allowed or absent 
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TroOaOZZ 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.5.4 


TSS reference: 


ISUP-SIP/SS/CDIV/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 


PICS 5/12 AND PICS 5/13 AND PICS 5/14 AND PICS 5/15 


Test purpose: 


Redirection number restriction in ANM 






Ensure that the SUT on receipt of 200 (OK) containing the History-Info header, Privacy, 
priv-value component 

Sends a ANM message with 
Redirection number restriction indicator: ISUP ReNrReIn 


SIP Parameter 
values: 


200: History-Info header 

hi-targeted-to-uri Redirecting number; index=1, 

hi-targeted-to uri diverted to user; cause=Cause value?Privacy=priv-value; index=1 .1 


ISUP Parameter 

values: 


ANM: 

Redirection number restriction indicator: ISUP 


ReNrReIn 


Comments: 


ISUP SUT SIP 

lAM ^ ^ INVITE 
ACM «■ «■ 181 Being Forwarded 
CPG «■ «■ 180 Ringing 
ANM «■ «■ 200 OK INVITE 

^ ACK 




REL ^ 
RLC «■ 


^ BYE 

«■ 200 OK BYE 





HIstory-lnfo header 
Privacy, priv-value component 


Redirection number restriction indicator 
ISUP_ReNrRein 


VA_01 


Privacy "history" 


Presentation restricted 


VA_02 


Privacy "none" 


Presentation allowed or absent 


VA_03 


Privacy header field absent 


Presentation allowed or absent 



TP609023 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.5.4 


TSS reference: 


ISUP-SIP/SS/CDIV/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 


PICS 5/12 AND PICS 5/13 AND PICS 5/14 AND PICS 5/15 


Test purpose: 


181 Received, no mapping to an ACM 






Ensure that the SUT (when no ACM has been sent before) on receipt of 181 (Call Is Being 
Forwarded) containing the History-Index no ACM is sent 


SIP Parameter 
values: 


181: History-Info header 

hi-targeted-to-uri Redirecting number; index=1 , 

hi-targeted-to uri diverted to user; cause=Cause value; index=1.1 


ISUP Parameter 
values: 




Comments: 


ISUP SUT SIP 

lAM ^ ^ INVITE 

<■ 181 Being Forwarded 
ACM «■ «■ 180 Ringing 
ANM «■ «■ 200 OK INVITE 

^ ACK 

Communication 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 
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1 rDUaU^4 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.5.4 


TSS reference: 


ISUP-SIP/SS/CDIV/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 


PICS 5/12 AND PICS 5/13 AND PICS 5/14 AND PICS 5/15 


Test purpose: 


181 received, not mapped to a CPG 

Ensure that the SUT, when an ACM has been sent before, on receipt of 181 (Call Is Being 
Fonwarded) containing the History-Index, no CPG is sent 


SIP Parameter 
values: 


181 : History-Info header 

hi-targeted-to-uri Redirecting number; index=1, 

hi-targeted-to uri diverted to user; cause=Cause value?Privacy=Priv-value; index=1 .1 


ISUP Parameter 
values: 




Comments: 


ISUP SUT SIP 

lAM ^ ^ INVITE 
ACM «■ «■ 180 Ringing 

181 Being Forwarded 
ANM «■ 200 OK INVITE 

^ ACK 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 



TP609025 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.5.4 


TSS reference: 


ISUP-SIP/SS/CDIV/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 


NOT PICS 5/12 AND NOT PICS 5/13 AND NOT PICS 5/14 AND NOT PICS 5/15 


Test purpose: 


180 received, no mapping. 






Ensure that the SUT on receipt of 180 (Ringing) (181 Call Is Being Forwarded was 
received before) containing the History-Info header, the History-Info header is not 
mapped 


SIP Parameter 
values: 


180: History-Info header 

hi-targeted-to-uri Redirecting number; index=1 , 

hi-targeted-to uri diverted to user; cause=Cause value?Privacy=prlv-value; index=1 .1 


ISUP Parameter 
values: 




Comments: 


ISUP SUT SIP 

lAM ^ ^ INVITE 

181 Being Forwarded 
ACM «■ «■ 180 Ringing 
ANM «■ «■ 200 OK INVITE 

^ ACK 

Communication 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 
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TPdOMOZo 


SIP reference: RFC 3261 [6] 




ISUP reference: 






ES 283 027 [1], clause 7.5.4 


TSS reference: 


ISUP-SIP/SS/CDIV/ 


SIP selection 








criteria: 








ISUP selection 


NOT PICS 5/12 AND NOT PICS 5/13 AND NOT PICS 5/14 AND NOT PICS 5/15 


criteria: 








Test purpose: 


No mapping of History-Info hieader in thie 200 OK INVITE 






Ensure that the SUT on receipt of 200 (OK) containing the History-Info header, Privacy, 
priv-value component the History-Info header is not mapped 


SIP Parameter 
vaiucs- 


200: History-Info header 

hi-targeted-to-uri Redirecting number; index=1, 

hi-targeted-to uri diverted to user; cause=Cause value ?Privacy=priv-value; index=1 .1 


ISUP Parameter 
values: 


No mapping 


Comments: 


ISUP SUT 


SIP 




lAM ^ 




INVITE 

181 Being Forwarded 




ACM «■ 
ANM «■ 




180 Ringing 
200 OK INVITE 

ACK 




REL ^ 




BYE 




RLC «■ 


«■ 


200 OK BYE 



6.3.2.1 User to user signalling (UUS) 



TP610001 



SIP reference: RFC 3261 [6] 



ISUP reference: 
ITU-T Rec Q.I 91 2.5 [32], annex B.21 
ITU-T Rec Q.737.1 [33], clause 1.1.7 



TSS reference: 



ISUP-SIP/SS/ UUS / 



SIP selection 
criteria: 



ISUP selection 
criteria: 



Test purpose: 



User-to-user service 1 implicit request not supported, User-to-user information discarded 
by the network 

Ensure that the SUT if the lAM is received with User-to-user Information as an Implicit 
service 1 request returns a User-to-user Indicator in the ACM "UUI discarded by the 
network" and continue without disrupting the SIP or ISUP signalling procedure. 



SIP Parameter 
values: 



No mapping 



ISUP Parameter 
values: 



ACM: User-to-indicator "UUI discarded by the network". Service 1 response "No 
indication". 



ISUP/BICC 




SUT 


SIP 


lAM 






INVITE 


ACM 


«■ 

Ringing tone 




180 Ringing 


ANM 


«■ 


Conversation 


200 OK INVITE 

ACK 


REL 






BYE 


RLC 






200 OK BYE 



Comments: 
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TP610002 



SIP reference: RFC 3261 [6] 



ISUP reference: 
ITU-T Rec Q.I 91 2.5 [32], annex B.21 
ITU-T Rec Q.737 [33], clause 1.1.7 



TSS reference: 



ISUP-SIP/SS/UUS/ 



SIP selection 

criteria: 



ISUP selection 
criteria: 



PICS 11/1 AND PIGS 11/2 



Test purpose: 



User-to-user service 1 explicit request not essential not supported, service not provided 
response 

Ensure that the SUT if the lAIVI is received with an explicit service 1 request "Not 
essential" returns a User-to-user indicator in the ACIVl "Service 1 not provided" and 
continue without disrupting the SIP or ISUP signalling procedure. 



SIP Parameter 
values: 



No mapping 



ISUP Parameter 
values: 



ACM: User-to-indicator Service 1 response "Not 



Comments: 



ISUP/BICC 




SUT 


SIP 


lAM 






INVITE 


ACM 


«■ 




180 Ringing 


ANM 


Ringing tone 
«■ 


Conversation 


200 OK INVITE 
ACK 


REL 






BYE 


RLC 






200 OK BYE 



TP610003 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ITU-T Rec Q.I 91 2.5 [32], annex B.21 
ITU-T Rec Q.737.1 [33], clause 1.1.7 


TSS reference: 


ISUP-SIP/SS/UUS/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 


PICS 11/1 AND PICS 11/2 


Test purpose: 


User-to-user service 1 explicit request essential not supported, rejected by sending a REL 

Ensure that the SUT if the lAM is received with an explicit service 1 request "essential" 
returns a REL with cause #29 and an diagnostics containing the user-to-user indicator 
parameter name. 


SIP Parameter 
values: 


No action 


ISUP Parameter 
values: 


REL: cause #29, diagnostics value 0x2a 


Comments: 


ISUP/BICC SUT SIP 
lAM ^ 

REL #29 «■ 
RLC ^ 
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TP610004 



SIP reference: RFC 3261 [6] 



ISUP reference: 
ITU-T Rec Q.I 91 2.5 [32], annex B.21 
ITU-T Rec Q.737 [33], clause 1.2.7 



TSS reference: 



ISUP-SIP/SS/UUS/ 



SIP selection 

criteria: 



ISUP selection 
criteria: 



PICS 11/1 AND PICS 11/2 



Test purpose: 



User-to-user service 2 explicit request not essential not supported, service not provided 
response 

Ensure that the SUT if the lAM is received with an explicit service 2 request "Not 
essential" returns a User-to-user indicator in the ACIVI "Service 2 not provided" and 
continue without disrupting the SIP or ISUP signalling procedure. 



SIP Parameter 
values: 



No mapping 



ISUP Parameter 
values: 



ACM: User-to-indicator Service 2 response "Not provided" 



Comments: 



ISUP/BICC 




SUT 


SIP 


lAM 






INVITE 


ACM 


«■ 

Ringing tone 




180 Ringing 


ANM 


«■ 


Conversation 


200 OK INVITE 
ACK 


REL 






BYE 


RLC 






200 OK BYE 



TP610005 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ITU-T Rec Q.I 91 2.5 [32], annex B.21 
ITU-T Rec Q.737.1 [33], clause 1.2.7 


TSS reference: 


ISUP-SIP/SS/UUS/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 


PICS 11/1 AND PICS 11/2 


Test purpose: 


User-to-user service 2 explicit request essential not supported, rejected by sending a REL 

Ensure that the SUT if the lAM is received with an explicit service 2 request "essential" 
returns a REL with cause #29 and an diagnostics containing the user-to-user indicator 
parameter name. 


SIP Parameter 
values: 


No mapping 


ISUP Parameter 
values: 


REL: cause #29, diagnostics value 0x2a 


Comments: 


ISUP/BICC SUT SIP 
lAM ^ 

REL #29 «■ 
RLC ^ 
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TP610006 



SIP reference: RFC 3261 [6] 



ISUP reference: 
ITU-T Rec Q.I 91 2.5 [32], annex B.21 
ITU-T Rec Q.737.1 [33], clause 1.3.7.1 



TSS reference: 



ISUP-SIP/SS/UUS/ 



SIP selection 

criteria: 



ISUP selection 
criteria: 



PICS 11/1 AND PICS 11/2 



Test purpose: 



User-to-user service 3 explicit request not essential not supported, service not provided 
response 

Ensure that the SUT if the lAM is received with an explicit service 3 request "Not 
essential" returns a User-to-user indicator in the ACIVI "Service 3 not provided" and 
continue without disrupting the SIP or ISUP signalling procedure. 



SIP Parameter 
values: 



No mapping 



ISUP Parameter 
values: 



ACM: User-to-indicator, Service 3 response "Not provided" 



Comments: 



ISUP/BICC 




SUT 


SIP 


lAM 






INVITE 


ACM 


«■ 

Ringing tone 




180 Ringing 


ANM 


«■ 


Conversation 


200 OK INVITE 
ACK 


REL 






BYE 


RLC 






200 OK BYE 



TP610007 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ITU-T Rec Q.I 91 2.5 [32], annex B.21 
ITU-T Rec Q.737.1 [33], clause 1.3.7.1 


TSS reference: 


ISUP-SIP/SS/UUS/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 


PICS 11/1 AND PICS 11/2 


Test purpose: 


User-to-user service 3 explicit request essential not supported, rejected by sending a REL 

Ensure that the SUT if the lAM is received with an explicit service 3 request "essential" 
returns a REL with cause #29 and an diagnostics containing the user-to-user indicator 
parameter name. 


SIP Parameter 
values: 


No mapping 


ISUP Parameter 
values: 


REL: cause #29, diagnostics value 0x2a 


Comments: 


ISUP/BICC SUT SIP 
lAM ^ 

REL #29 «■ 
RLC ^ 
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TP610008 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ITU-T Rec Q.I 91 2.5 [32], annex B.21 
ITU-T Rec Q.737.1 [33], clause 1.3.7.1 


TSS reference: 


ISUP-SIP/SS/UUS/ 


SIP selection 

criteria: 




ISUP selection 
criteria: 


PICS 11/1 AND PICS 11/2 


Test purpose: 


User-to-user service 3 explicit request not essential not supported in the confirmed state, 
rejected by sending a FRJ 

Ensure that the SUT if the FAR is received with an explicit service 3 request "Not 
essential" returns a FRJ with cause #29. 


SIP Parameter 
values: 


No action 


ISUP Parameter 
values: 


FRJ: User-to-user indicator = "Service 3 not provided" 


Comments: 


ISUP/BICC SUT SIP 
lAM ^ ^ INVITE 
ACM ^ ^ 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

FAR ^ 
FRJ «■ 

Conversation 

REL BYE 

RLC «■ «■ 200 OK BYE 



TP610009 



SIP reference: RFC 3261 [6] 



ISUP reference: 
ITU-T Rec Q.I 91 2.5 [32], annex B.21 
ITU-T Rec Q.737.1 [33], 
clause 1.1.5.2.5.2.2 



TSS reference: 



ISUP-SIP/SS/UUS/ 



SIP selection 
criteria: 



ISUP selection 
criteria: 



NOT PICS 11/2 



Test purpose: 



User-to-user service 1 explicit request not essential not supported, no response 

Ensure that the SUT if the lAIVI is received with an explicit service 1 request "Not 

essential" continue without disrupting the SIP or ISUP signalling procedure. No response 
to this request. 



SIP Parameter 
values: 



No mapping 



ISUP Parameter 
values: 



Comments: 



ISUP/BICC 




SUT 


SIP 


lAM 






INVITE 


ACM 


«■ 

Ringing tone 




180 Ringing 


ANM 


«■ 


Conversation 


200 OK INVITE 
ACK 


REL 






BYE 


RLC 






200 OK BYE 
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TP610010 



SIP reference: RFC 3261 [6] 



ISUP reference: 
ITU-T Rec Q.I 91 2.5 [32], annex B.21 
ITU-T Rec Q.737.1 [33], 
clause 1.1.5.2.5.2.2 



TSS reference: 



ISUP-SIP/SS/UUS/ 



SIP selection 
criteria: 



ISUP selection 
criteria: 



NOT PICS 11/2 



Test purpose: 



User-to-user service 1 explicit request essential not supported, no response 

Ensure that the BUT if the lAM Is received with an explicit service 1 request "essential" 
continue without disrupting the SIP or ISUP signalling procedure. No response to this 
request. 



SIP Parameter 
values: 



No action 



ISUP Parameter 
values: 



Comments: 



ISUP/BICC 




SUT 


SIP 


lAM 






INVITE 


ACM 


«■ 

Ringing tone 




180 Ringing 


ANM 


«■ 


Conversation 


200 OK INVITE 
ACK 


REL 






BYE 


RLC 






200 OK BYE 



TP610011 



SIP reference: RFC 3261 [6] 



ISUP reference: 
ITU-T Rec Q.1912.5 [32], annex B.21 
ITU-T Rec Q.737.1 [33], 
clause 1.2.5.2.5.2.1 



TSS reference: 



ISUP-SIP/SS/UUS/ 



SIP selection 
criteria: 



ISUP selection 
criteria: 



NOT PICS 11/2 



Test purpose: 



User-to-user service 2 explicit request not essential not supported, no response 

Ensure that the SUT If the lAM is received with an explicit service 2 request "Not 
essential" continue without disrupting the SIP or ISUP signalling procedure. No response 
to this request. 



SIP Parameter 
values: 



No mapping 



ISUP Parameter 
values: 



Comments: 



ISUP/BICC 




SUT 


SIP 


lAM 






INVITE 


ACM 


«■ 

Ringing tone 




180 Ringing 


ANM 


«■ 


Conversation 


200 OK INVITE 
ACK 


REL 






BYE 


RLC 






200 OK BYE 
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TP610012 



SIP reference: RFC 3261 [6] 



ISUP reference: 
ITU-T Rec Q.I 91 2.5 [32], annex B.21 
ITU-T Rec Q.737.1 [33], 
clause 1.2.5.2.5.2.1 



TSS reference: 



ISUP-SIP/SS/UUS/ 



SIP selection 
criteria: 



ISUP selection 
criteria: 



NOT PICS 11/2 



Test purpose: 



User-to-user service 2 explicit request essential not supported, no response 

Ensure that the BUT if the lAM Is received with an explicit service 2 request "essential" 
continue without disrupting the SIP or ISUP signalling procedure. No response to this 
request. 



SIP Parameter 
values: 



No action 



ISUP Parameter 
values: 



Comments: 



ISUP/BICC 




SUT 


SIP 


lAM 






INVITE 


ACM 


«■ 

Ringing tone 




180 Ringing 


ANM 


«■ 


Conversation 


200 OK INVITE 
ACK 


REL 






BYE 


RLC 






200 OK BYE 



TP610013 



SIP reference: RFC 3261 [6] 



ISUP reference: 
ITU-T Rec Q.I 91 2.5 [32], annex B.21 
ITU-T Rec Q.737.1 [33], 
clause 1.3.5.2.5.2.1 



TSS reference: 



ISUP-SIP/SS/UUS/ 



SIP selection 
criteria: 



ISUP selection 
criteria: 



NOT PICS 11/2 



Test purpose: 



User-to-user service 3 explicit request not essential not supported, no response 

Ensure that the SUT if the lAM is received with an explicit service 3 request "Not 
essential" continue without disrupting the SIP or ISUP signalling procedure. No response 
to this request. 



SIP Parameter 
values: 



No mapping 



ISUP Parameter 
values: 



Comments: 



ISUP/BICC 




SUT 


SIP 


lAM 






INVITE 


ACM 


«■ 

Ringing tone 




180 Ringing 


ANM 


«■ 


Conversation 


200 OK INVITE 
ACK 


REL 






BYE 


RLC 






200 OK BYE 



ETSI 
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TP610014 



SIP reference: RFC 3261 [6] 



ISUP reference: 
ITU-T Rec Q.I 91 2.5 [32], annex B.21 
ITU-T Rec Q.737.1 [33], 
clause 1.3.5.2.5.2.1 



TSS reference: 



ISUP-SIP/SS/UUS/ 



SIP selection 
criteria: 



ISUP selection 
criteria: 



NOT PICS 11/2 



Test purpose: 



User-to-user service 3 explicit request essential not supported, no response 

Ensure that the BUT if the lAM Is received with an explicit service 3 request "essential" 
continue without disrupting the SIP or ISUP signalling procedure. No response to this 
request. 



SIP Parameter 
values: 



No action 



ISUP Parameter 
values: 



Comments: 



ISUP/BICC 




SUT 


SIP 


lAM 






INVITE 


ACM 


«■ 

Ringing tone 




180 Ringing 


ANM 


«■ 


Conversation 


200 OK INVITE 
ACK 


REL 






BYE 


RLC 






200 OK BYE 



TP610015 


SIP reference: RFC 3261 [6] 






ISUP reference: 










ITU-T Rec Q.I 91 2.5 [32], annex B.21 










ITU-T Rec Q.737.1 [33], 












clause 1.3.5.2.5.2.1 


TSS reference: 


ISUP-SIP/SS/UUS/ 


SIP selection 












criteria: 












ISUP selection 


NOT PICS 1 1/1 OR NOT PICS 1 1/3 








criteria: 












Test purpose: 


User-to-user service 3 explicit request not essential not supported in the confirmed state, 




no response 












Ensure that the SUT if the FAR is received with an explicit service 3 request "Not 




essential" continue without disrupting the SIP or ISUP signalling procedure. No response 
to this request. 


SIP Parameter 


No action 










values: 












ISUP Parameter 












values: 












Comments: 


ISUP/BICC 




SUT 




SIP 




lAM 








INVITE 




ACM 


«■ 






180 Ringing 




ANM 


Ringing tone 
«■ 






200 OK INVITE 
ACK 








Conversation 






FAR 












REL 








BYE 




RLC 








200 OK BYE 



ETSI 
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TP610016 



SIP reference: RFC 3261 [6] 



ISUP reference: 
ITU-T Rec Q.I 91 2.5 [32], annex B.21 
ITU-T Rec Q.737.1 [33], 
clause 1.3.5.2.5.2.1 



TSS reference: 



ISUP-SIP/SS/UUS/ 



SIP selection 
criteria: 



ISUP selection 
criteria: 



Test purpose: 



User-to-user service 1 implicit request is mapped in the User-to-User tieader field in the 
INVITE request 

Ensure that the SUT if the lAM contains a User-to-user information parameter, a User-to- 
User header is included in the INVITE request and the uuidata component is derived from 
the User-to-user information. 



SIP Parameter 
values: 



INVITE: User-to-User: uuidata derived from the User-to-user information 



ISUP Parameter 
values: 



lAIVI: User-to-user information (PIXIT) 



ISUP/BICC 




SUT 


SIP 


lAM 






INVITE 


ACM 


«■ 

Ringing tone 




180 Ringing 


ANM 


«■ 


Conversation 


200 OK INVITE 
ACK 


REL 






BYE 


RLC 






200 OK BYE 



Comments: 



TP610017 



SIP reference: RFC 3261 [6] 



ISUP reference: 
ITU-T Rec Q.I 91 2.5 [32], annex B.21 
ITU-T Rec Q.737.1 [33], 
clause 1.3.5.2.5.2.1 



TSS reference: 



ISUP-SIP/SS/UUS/ 



SIP selection 
criteria: 



ISUP selection 
criteria: 



Test purpose: 



User-to-user service 1 implicit response is mapped in the User-to-user information 
parameter in the ACM 

Ensure that the SUT if the 180 Ringing contains a User-to-User header, a User-to-user 
information parameter is included in the ACM and the the User-to-user information is 
derived from the uuidata component. 

User-to-User header starts with the first octet being the protocol discriminator and followed 

by the user information octets 



SIP Parameter 
values: 



180: User-to-User: uuidata derived from the User-to-user information (PIXIT) 



ISUP Parameter 
values: 



ACIVl: User-to-user information 



Comments: 



ISUP/BICC 




SUT 


SIP 


lAM 






INVITE 


ACM 


«■ 

Ringing tone 




180 Ringing 


ANM 


«■ 


Conversation 


200 OK INVITE 
ACK 


REL 






BYE 


RLC 






200 OK BYE 



ETSI 
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TP610018 



SIP reference: RFC 3261 [6] 



ISUP reference: 
ITU-T Rec Q.I 91 2.5 [32], annex B.21 
ITU-T Rec Q.737.1 [33], 
clause 1.3.5.2.5.2.1 



TSS reference: 



ISUP-SIP/SS/UUS/ 



SIP selection 
criteria: 



ISUP selection 
criteria: 



Test purpose: 



User-to-user service 1 implicit response is mapped in the User-to-user information 
parameter in the ANM 

Ensure that the SUT if the 200 OK INVITE contains a User-to-User header, a User-to-user 
information parameter is included in the ANIM and the the User-to-user information is 
derived from the uuidata component. 

User-to-User header starts with the first octet being the protocol discriminator and followed 
by the user information octets 



SIP Parameter 
values: 



200: User-to-User: uuidata derived from the User-to-user information (PIXIT) 



ISUP Parameter 
values: 



ANM: User-to-user information 



Comments: 



ISUP/BICC 




SUT 


SIP 


lAM 






INVITE 


ACIVI 


«■ 

Ringing tone 




180 Ringing 


ANM 


«■ 


Conversation 


200 OK INVITE 
ACK 


REL 






BYE 


RLC 






200 OK BYE 



TP610019 



SIP reference: RFC 3261 [6] 



ISUP reference: 
ITU-T Rec Q.I 91 2.5 [32], annex B.21 
ITU-T Rec Q.737.1 [33], 
clause 1.3.5.2.5.2.1 



TSS reference: 



ISUP-SIP/SS/UUS/ 



SIP selection 
criteria: 



ISUP selection 
criteria: 



Test purpose: 



User-to-user service 1 implicit response is mapped in the User-to-user information 
parameter in the REL 

Ensure that the SUT if the BYE contains a User-to-User header, a User-to-user information 
parameter is included in the REL and the the User-to-user information is derived from the 
uuidata component. 

User-to-User header starts with the first octet being the protocol discriminator and followed 
by the user information octets 



SIP Parameter 
values: 



BYE: User-to-User: uuidata derived from the User-to-user information (PIXIT) 



ISUP Parameter 

values: 



REL: User-to-user information 



ISUP/BICC 




SUT 


SIP 


lAM 






INVITE 


ACM 


«■ 

Ringing tone 




180 Ringing 


ANM 


«■ 


Conversation 


200 OK INVITE 

ACK 


REL 






BYE 


RLC 






200 OK BYE 



Comments: 
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6.3.2.11 Explicit call transfer (ECT) 



TP611001 


SIP reference: RFC 3261 [6] ISUP reference: 

ES 283 027 [1], clause 7.4.8 


TSS reference: 


ISUP-SIP/SS/ECT/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 


PICS 12/1 AND NOT PIGS 13/3 


Test purpose: 


Loop prevention procedure supported, intenvorking of "call transfer" indication not 
supported 

Ensure that the SUT if a LOP(request) is received returns a LOP (response) with the 
indication "insufficient information" continue without disrupting the SIP signalling 
procedure. 

Ensure that the SUT if a FAG is received continue without disrupting the SIP signalling 
procedure. 


SIP Parameter 
values: 


No mapping 


ISUP Parameter 
values: 


LOP: Response "insufficient information" 


Comments: 


ISUP/BICC SUT SIP 

lAM ^ ^ INVITE 
AGM «■ «■ 180 Ringing 
Ringing tone 

ANM <■ <■ 200 OK INVITE 

^ IVI ^ ^ ^\J\J \ 1 1 V V 1 1 ^ 

^ AGK 

Conversation 

LOP 

LOP «■ 

FAG(Gall transfer active) ■» 

Conversation 

REL BYE 

RLC «■ «■ 200 OK BYE 
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1 rbl 1 UU^ 


oir reterence: Kro o^oi [oj loUr reterence: 

ES 283 027 [1], clause 7.4.8 


TSS reference: 


ISUP-SIP/SS/ECT/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 


NOT PICS 12/1 AND NOT PICS 13/3 


Test purpose: 


Loop prevention procedure not supported, intenvorking of "call transfer" indication not 
supported 

Ensure that the SUT if a LOP(request) is received continue without disrupting the SIP 
signalling procedure. 

Ensure that the SUT it a FAC is received continue without disrupting the SIP signalling 
procedure. 


SIP Parameter 
values: 


No mapping 


ISUP Parameter 
values: 




Comments: 


ISUP/BICC SUT SIP 
lAM ^ ^ INVITE 
ACM «■ «■ 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

ACK 

Conversation 

LOP 

FAC(Call transfer active) 

Conversation 

REL BYE 

RLC «■ «■ 200 OK BYE 
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Troi 1 003 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.4.8 


TSS reference: 


ISUP-SIP/SS/ECT/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 


PICS 12/1 AND PICS 13/3 


Test purpose: 


Loop prevention procedure supported, intenvorking of "call transfer" indication in FAC 
supported 

Ensure that the SUT if a LOP{request) is received returns a LOP (response) with the 
indication "insufficient information" continue without disrupting the SIP signalling 
procedure. 

Ensure that the SUT if a FAC is received an INVITE is sent and the SDP contains an a-line 
set to "sendrecv". 


SIP Parameter 
values: 


Re-INVITE SDP a=sendrecv 


ISUP Parameter 
values: 


LOP: Response "insufficient information" 

FAC: Generic notification = "call transfer, active" 


Comments: 


ISUP/BICC SUT SIP 
lAM ^ ^ INVITE 
ACM «■ «■ 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

CPG(hold) ^ INVITE{sendonly) 

«■ 200 OK INVITE(recvonly) 
ACK 

LOP 

LOP «■ 

FAC(Call transfer, active) ■» INVITE{sendrecv) 

«■ 200 OK INVITE(sendrecv) 
^ ACK 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 
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1 rbl 1 UU4 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.4.8 


TSS reference: 


ISUP-SIP/SS/ECT/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 


NOT PICS 12/1 AND PICS 13/3 


Test purpose: 


Loop prevention procedure supported, intenvorking of "call transfer" indication in FAC 
supported 

Ensure that the SUT if a FAC is received an INVITE is sent and the SDP contains an a-line 
set to "sendrecv". 


SIP Parameter 
values: 


Re-INVITE SDP a=sendrecv 


ISUP Parameter 
values: 


FAC: Generic notification = "call transfer, active" 


Comments: 


ISUP/BICC SUT SIP 

lAM ^ INVITE 
ACM «■ «■ 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

CPG(hold) INVITE(sendonly) 

«■ 200 OK INVITE(recvonly) 
ACK 

LOP ^ 

FAC(Call transfer active) ■» INVITE{sendrecv) 

«■ 200 OK INVITE(sendrecv) 
^ ACK 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 
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Troi 1 005 


SIP reference: RFC 3261 [6] 


ISUP reference: 
ES 283 027 [1], clause 7.4.8 


TSS reference: 


ISUP-SIP/SS/ECT/ 


SIP selection 
criteria: 




ISUP selection 
criteria: 


PICS 13/3 


Test purpose: 


Interworking of "call transfer" Indication In CPG supported 

Ensure that the SUT if a CPG Generic notification "call transfer, active" is received an 
INVITE is sent and the SDP contains an a-line set to "sendrecv". 


SIP Parameter 
values: 


Re-INVITE SDP a=sendrecv 


ISUP Parameter 
values: 


CPG: Generic notification = "call transfer, active" 


Comments: 


ISUP/BICC SUT SIP 
lAM ^ ^ INVITE 
ACM «■ «■ 180 Ringing 
Ringing tone 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Conversation 

CPG(hold) ^ INVITE{sendonly) 

<■ 200 OK INVITE(recvonly) 
ACK 

LOP ^ 

CPG(Call transfer active) ^ ^ INVITE(sendrecv) 

«■ 200 OK INVITE(sendrecv) 
ACK 

Conversation 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 



6.3.2.12 Anonymous Call Rejection (ACR) 



TP612001 


ACR-CB Reference: 
4.7.1.3.1 


Selection criteria: 


TSS reference: 


ISUP-SIP/SS/ACR 


Preconditions: 




Test purpose: 


Mapping of 433 Anonymity Disallowed to REL cause 24 

Ensure that the 433 Anonymity Disallowed final response received to due the ACR service 
is mapped into a REL cause 24 "call rejected due to ACR supplementary service" 


SIP Parameter 
values: 


433 Anonymity Disallowed 


ISUP Parameter 
values: 


REL cause value 24 "call rejected due to ACR supplementary sen/ice" 


Comments: 


ISUP MGCF SIP 
lAM ^ ^ INVITE 

«■ 100 Trying 

REL(24) «■ «■ 433 Anonymity Disallowed 
RLC ^ ^ ACK 
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TP612002 


ACR-CB Reference: s^,^^,.^„ 

4. /.l.o.l 


TSS reference: 


ISUP-SIP/SS/ACR 


Preconditions: 




Test purpose: 


Mapping of 603 Decline to REL cause 21 

Ensure that the 603 Decline final response received to due the ACR service is mapped 
into a REL cause 21 "call rejectecf 


SIP Parameter 
values: 


603 Decline 


If^LJP Paramptpr 

values: 


REL cause value 21 "call rejected" 


Comments: 


ISUP MGCF SIP 
lAM ^ ^ INVITE 

«■ 100 Trying 

REL(24) «■ «■ 603 Decline 
RLC ^ ^ ACK 



6.3.2.13 

FFS 



Call waiting (CW) 



6.3.2.14 Malicious call identification (MCID) 



TP614001 



MCID Reference: 
4.7.1.2 



Selection criteria: 

PICS 1/6 



TSS reference: 



ISUP-SIP/SS/MCID/ 



Preconditions: 



Test purpose: 



Mapping of XML moid request (McidRequestlndicator) 

Ensure that the XML mcid McidRequestlndicator contained in a received INFO request 
mapped into the MCID request indicator requested in the sent IDR 



SIP Parameter 
values: 



INFO 

XML mcid 
request 

McidRequestlndicator : 



II -| II 



ISUP Parameter 
values: 



IDR: MCID request indicator: MCID requested 



Comments: 



ISUP 

lAM 

IDR(MCID request indicator) 

ACM 

ANM 



REL 
RLC 



MGCF 



SIP 







INVITE 






100 Trying 


«■ 




INFO (XML mcid request) 






200 OK INFO 


«■ 




180 Ringing 


«■ 




200 OK INVITE 






ACK 




Communication 




^ 




BYE 






200 OK BYE 
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TP614002 


MCID Reference: 
4.7.1.2 


Selection criteria: 
PICS 1/6 AND PICS 1/7 


TSS reference: 


ISUP-SIP/SS/MCID/ 


Preconditions: 




Test purpose: 


Mapping of XML mcid request (Holdinglndicator) 

Ensure that the XML mcid Holdinglndicator is mapped into the IVICID request indicator 
holding requested In the sent IDR 


SIP Parameter 
values: 


INFO: 

XIVIL mold 
request 

Holdinglndicator = "1" 


iSUP Parameter 
values: 


IDR: Holding indicator (national use): holding requested 


Comments: 


ISUP MGCF SIP 
lAM ^ ^ INVITE 

«■ 100 Trying 

IDR(IV1CID request indicator) ^ ^ INFO (XML mcid request) 

^ 200 OK INFO 
ACM «■ «■ 180 Ringing 

ANM «■ «■ 200 OK INVITE 

^ ACK 
Communication 
REL ^ ^ BYE 
RLC «■ «■ 200 OK BYE 




TP614003 


MCID Reference: 
4.7.1.2 


Selection criteria: 
PICS 1/6 


TSS reference: 


ISUP-SIP/SS/MCID/ 


Preconditions: 




Test purpose: 


Mapping of IRS (McidResponselndicator) 

Ensure that MCID response indicator provided, contained in an IRS is mapped into the 
XML mcid response McidResponselndicator. 


SIP Parameter 
values: 


INFO: 

XML mcid 
request 

McidRequestlndicator = "1" 

INFO: 

XML mcid 
response 

McidResponselndicator = "1" 


ISUP Parameter 
values: 


IDR: MCID request indicator: MCID requested 
IRS: MCID response indicator: MCID provided 


Comments: 


ISUP MGCF SIP 

lAM ^ ^ INVITE 

«■ 100 Trying 

IDR(MCID request indicator) «■ «■ INFO (XML mcid request) 

^ 200 OK INFO 

IRS (MCID response indicator) INFO (XML mcid response) 

«■ 200 OK INFO 
ACM «■ «■ 180 Ringing 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Communication 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 
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TP614004 


MCID Reference: Selection criteria: 

4.7.1.2 PICS 1/6 AND NOT PICS 1/7 


TSS reference: 


ISUP-SIP/SS/MCID/ 


Preconditions: 




Test purpose: 


Mapping of IRS (HoldingProvidedlndicator) 

Ensure that MCID response indicator holding provided, contained in an IRS is mapped into 
the XIVIL moid response HoldingProvidedlndicator. 


SIP Parameter 
values: 


INFO: 

XML moid 
request 

Holdinglndicator = "1" 

INFO: 

XML moid 
response 

HoldingProvidedlndicator = "0" 


ISUP Parameter 
values: 


IDR: Holding indicator (national use): 
IRS: Hold provided indicator (national use) 


Comments: 


ISUP MGCF SIP 

lAM ^ ^ INVITE 

«■ 100 Trying 

IDR(MCID request indicator) «■ INFO (XML moid request) 

^ 200 OK INFO 

IRS (no MCID response indicator) ■> INFO (XML moid response) 

«■ 200 OK INFO 
ACM 180 Ringing 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Communication 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 



ETSI 



384 



ETSI TS 186 009-2 V2.1.1 (2009-03) 



TP614005 


MCID Reference: Selection criteria: 

4. rlUo I/O AND rlUo 1// 


TSS reference: 


ISUP-SIP/SS/MCID/ 


Preconditions: 




Test purpose: 


Mapping of IRS (HoldingProvidedlndicator) 

Ensure that MCID response indicator holding provided, contained in an IRS is mapped into 
the XML meld response HoldingProvidedlndicator (Holding indicator is not for national 
use). 


SIP Parameter 
values: 


INFO: 

XML moid 
request 

Holdinglndicator = "1" 

INFO: 

XML mcid 
response 

HoldingProvidedlndicator = "1" 


ISUP Parameter 
values: 


IDR: Holding indicator, holding requested 
IRS: l-lold provided indicator ho\6\ng provided 


Comments: 


ISUP MGCP SIP 

lAM ^ ^ INVITE 

«■ 100 Trying 

IDR(MCID request indicator) «■ «■ INFO (XML mcid request) 

^ 200 OK INFO 

IRS (no MCID response indicator) INFO (XML mcid response) 

«■ 200 OK INFO 
ACM ^ ^180 Ringing 

ANM «■ «■ 200 OK INVITE 

^ ACK 

Communication 

REL ^ ^ BYE 

RLC «■ «■ 200 OK BYE 



ETSI 



385 



ETSI TS 186 009-2 V2.1.1 (2009-03) 



Annex A (informative): 
Bibliography 

• ITU-T Recommendation Q. 73 1.7 (1997): "Stage 3 description for number identification supplementary 
services using Signalling System No. 7: Malicious call identification (MCID)". 

• ITU-T Recommendation Q. 732.2 (1999): "Stage 3 description for call offering supplementary services using 
Signalling System No. 7: Call diversion services: "Call Forwarding Busy (CFB)". 

• ITU-T Recommendation Q. 732.3 (1999): "Stage 3 description for call offering supplementary services using 
SignalUng System No. 7: Call Forwarding No Reply (CFNR)". 

• ITU-T Recommendation Q. 732.4 (1999): "Stage 3 description for call offering supplementary services using 
Signalling System No. 7: Call Forwarding Unconditional (CFU)". 

• ITU-T Recommendation Q. 732.5 (1999): "Stage 3 description for call offering supplementary services using 
Signalling System No. 7: Call Deflection (CD)". 

• ITU-T Recommendation Q.732.7 (1996): "Stage 3 description for call offering supplementary services using 
Signalling System No. 7: Explicit Call Transfer". 

• ITU-T Recommendation Q. 733.1 (1992): "Stage 3 description for call completion supplementary services 
using Signalling System No. 7: Call waiting (CW)". 

• ITU-T Recommendation Q.733.2 (1993): "Stage 3 description for call completion supplementary services 
using SignalUng System No. 7: Call hold (HOLD)". 

• ITU-T Reconunendation Q.733.3 (1997): "Stage 3 description for call completion supplementary services 
using Signalling System No. 7: Completion of calls to busy subscriber (CCBS)". 

• ITU-T Recommendation Q.733.4 (1993): "Stage 3 description for call completion supplementary services 
using Signalling System No. 7: Terminal portability (TP)". 

• ITU-T Recommendation Q.733.5 (1999): "Stage 3 description for call completion supplementary services 
using Signalling System No. 7: Completion of calls on no reply". 

• ITU-T Recommendation Q. 735.1 (1993): "Stage 3 description for community of interest supplementary 
services using Signalling System No. 7: Closed user group (CUG)". 

• ITU-T Recommendation Q.735.3 (1993): "Stage 3 description for community of interest supplementary 
services using Signalling System No. 7: Multi-level precedence and preemption". 

• ITU-T Recommendation Q. 735.6 (1996): "Stage 3 description for community of interest supplementary 
services using Signalling System No. 7: Global Virtual Network Service (GVNS)". 

• ITU-T Recommendation Q. 736.1 (1995): "Stage 3 description for charging supplementary services using 
SignalUng System No. 7: International Telecommunication Charge Card (ITCC)". 

• ITU-T Recommendation Q.736.3 (1995): "Stage 3 description for charging supplementary services using 
Signalling System No. 7: Reverse charging (REV)". 

• ITU-T Reconamendations Q.1902.1 to Q.1902.4 (2001): "Bearer Independent CaU Control Protocol (BICC)". 

• IETF RFC 3267: "Real-Time Transport Protocol (RTP) Payload Format and File Storage Format for the 
Adaptive Multi-Rate (AMR) and Adaptive Multi-Rate Wideband (AMR-WB) Audio Codecs". 

• IETF RFC 2046 (1996): "Multipurpose Internet Mail Extensions (MIME) Part Two: Media Types". 

• IETF RFC 2327 (1998): "SDP: Session Description Protocol". 

• IETF RFC 2806 (2000): "URLs for Telephone CaUs". 



ETSI 



386 ETSI TS 1 86 009-2 V2.1 .1 (2009-03) 

• IETF RFC 3204 (2001): "MIME media types for ISUP and QSIG Objects" . 

• IETF RFC 3262 (2002): "Reliability of Provisional Responses in the Session Initiation Protocol (SIP)". 

• IETF RFC 3311 (2002): "The Session Initiation Protocol UPDATE Method" . 

• IETF RFC 3323 (2002): "A Privacy Mechanism for the Session Initiation Protocol (SIP)". 

• IETF RFC 3326 (2002): "The Reason Header Field for the Session Initiation Protocol" . 

• ISO/lEC 9646-2 (1994): "Conformance testing methodology and framework - Part 2: Abstract Test Suite 

Specification". 

• ISO/IEC 9646-3/DAM 1 (1992): "Conformance testing methodology and framework - Part 3: The Tree and 
Tabular Combined Notation; Amendment 1: TTCN extensions". 

• ISO/lEC 9646-5 (1994): "Conformance testing methodology and framework - Part 5: Requirements on test 
laboratories and clients for the conformance assessment process". 



ETSI 



387 



ETSI TS 186 009-2 V2.1.1 (2009-03) 



History 



Document history 


V2.1.1 


March 2009 


Publication 



























ETSI 



